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FOREWORD 


This  three-volume  book  of  proceedings  includes  the  written  versions  of  the 
papers  presented  at  the  Second  International  Congress  on  Recent  Developments 
in  Air-  and  Structure-Borne  Sound  and  Vibration  held  at  Auburn  University 
March  4-6, 1992.  The  Congress  was  sponsored  by  Auburn  University  in  cooperation 
with  the  International  Commission  on  Acoustics  of  lUPAP  and  the  20  professional 
societies  in  14  countries  listed  at  the  beginning  of  each  volume.  The  support  of 
this  Commission  and  the  professional  societies  has  been  invaluable  in  ensuring 
a  truly  international  congress  with  participation  from  .00  countries.  This  support 
is  gratefully  acknowledged.  In  addition,  the  organizing  committee  would  like  to 
thank  the  National  Science  Foundation,  the  Office  of  Naval  Research,  the  Office 
of  Naval  Research—Europe,  the  Alabama  Space  Grant  Consortium,  NASA,  the 
College  of  Engineering  and  the  Department  of  Mechanical  Engineering  of  Auburn 
University  for  financial  assistance. 

Topics  covered  in  the  Proceedings  include  Sound  Intensity,  Structural  Intensity, 
Modal  Analysis  and  Synthesis,  Statistical  Energy  Analysis  and  Energy  Methods, 
Passive  and  Active  Damping,  Boundary  Element  Methods,  Diagnostics  and  Con¬ 
dition  Monitoring,  Material  Characterization  and  Non-Destructive  Evaluation, 
Active  Noise  and  Vibration  Control,  Sound  Radiation  and  Scattering,  and  Finite 
Element  Analysis. 

The  order  in  which  the  217  papers  appear  in  these  volumes  is  roughly  the 
seune  as  they  were  presented  at  the  Congress  although  the  order  is  modified 
somewhat  so  they  can  be  grouped  in  the  topics  above.  There  are  also  six  keynote 
papers,  including  Professor  Sir  James  Lighthill  on  Aeroacoustics  and  Atmospheric 
Sound,  Professor  Frank  J.  Fahy  on  Engineering  Applications  of  Vibro-Acoustic 
Reciprocity;  Dr.  Louis  Dragonette  on  Underwater  Acoustic  Scattering,  Professor 
Robert  E.  Green  on  Overview  of  Acoustical  Technology  for  Non-Dtstructive 
Evaluation,  Professor  David  Brown  on  Future  Trends  in  Modal  Testing  Technology 
and  Professor  Lothar  Gaul  on  Calculation  and  Measurement  of  Structure-borne 
Sound.  The  papers  in  this  book  cover  all  major  topics  of  m  merest  to  those  concerned 
with  engineering  acoustics  and  vibration  problems  in  machines,  aircraft,  spacecraft, 
other  vehicles  and  buildings. 

In  the  last  30  years,  improvements  in  computers  have  allowed  rapid  developments 
in  both  theoretical  and  vT'^rimental  analysis  of  acoustics  and  vibration  problems. 
In  tbo  early  1960s  statistical  energy  analysis  (SEA)  was  first  applied  lo  coupled 
sotm  Jid  vibration  problems.  In  the  early  1970s  the  finite  element  method  (FEM) 
was  first  used  in  acoustics  problems.  In  recent  years  considerable  progress  has 
been  made  with  the  boundary  element  method  (BEM)  in  which  discretization  is 
confined  to  two-dimensional  surfaces  instead  of  three-dimensional  fields.  Some 
of  these  approaches  have  been  combined  for  instance  in  SEA-FEM.  The  1980s, 
which  have  also  seen  rapid  advances  in  improved  measurement  techniques,  could 
be  called  the  decade  of  sound  intensity,  as  it  can  now  be  used  for  rapid  meas¬ 
urements  of  the  in-situ  sound  power  of  a  machine,  to  rank  noise  sources  and 
determine  transmission  loss  of  structural  partitions.  Power  flow  in  stmctures  also 
now  can  be  determined  with  the  use  of  structural  intensity  measurements.  Sound 


and  vibration  signals  are  being  used  increasingly  to  diagnose  the  condition  of 
machinery  and  to  detect  faults  or  to  determine  the  properties  of  matermls  through 
non-destructive  evaluation.  There  is  also  increased  knowledge  in  sound  radiation 
and  scattering;  in  particular  advances  have  occurred  in  scattering  theory  and  in 
numerical  solution  techniques. 

The  organization  and  hosting  of  a  conference  is  a  considerable  undertaking, 
and  this  Congress  is  no  different.  We  would  firstly  like  to  thank  all  the  authors 
who  submitted  their  contributions  promptly  making  publication  of  this  book 
before  the  Congress  possible.  We  would  also  like  to  acknowledge  the  assistance 
of  the  scientific  committee  and  organizing  committee  who  helped  to  completely 
organize  some  sessions.  The  staff  of  the  Mechanical  Engineering  Department  of 
Auburn  University  also  provided  valuable  assistance.  Our  special  thanks  are 
extended  to  Rose-Marie  Zuk  who  worked  untiringly  and  efficiently  on  all  aspects 
of  the  Congress  program  and  this  book,  to  Julia  Shvetz  who  provided  invaluable 
expert  assistance  in  all  areas  of  Congress  planning  in  particuhur  with  travel 
arrangements  for  foreign  guests,  and  to  Olga  Riabova  for  her  hard  work  on 
Congress  communications. 

Malcolm  J.  Crocker,  General  Chairman 

P.K.  Raju,  Program  Chairman 
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ABSTRACT 

The  detection  and  cleissification  of  man-made  objects  underwater  is  a  continuing  topic  of  major 
irterest  in  acoustics  scattering  research.  A  variety  of  analytic/numerical  methods  have  been  devel¬ 
oped  to  describe  the  scattering  from  objects  that  approach  the  complexity  of  the  targets  of  interest, 
and  experimental  work,  as  performed  in  facilities  such  those  at  NRL,  produces  scattering  data  of 
high  precision  and  accuracy.  In  the  ideal  world,  important  scattering  mechanisms  are  isolated  from 
the  computed  or  measured  inputs  and  these  form  the  foundation  of  physics  based  algorithms  used  to 
identify  the  target.  Exploitation  algorithms  include  novel  new  methods  as  well  as  modified  versions  of 
very  old  signal  processing  techniques.  This  paper  will  review  the  impact  of  some  basic  mechanisms, 
as  predicted  by  experimental  and  analytic/numerical  methods,  on  target  scattering,  and  consider 
some  of  the  techniques  employed  for  exploitation  of  these  meclianisms. 


INTRODUCTION 

Underwater  scattering  encompasses  a  broad  area  of  interest  which  includes  bottom,  surface,  and 
medium  interactions.  This  paper  focuses  on  the  scattering  by  finite  targets  in  em  isotropic  medium, 
and  will  emphasize  the  detection  and  classification  features  associated  with  the  scattering. 

Mechanisms  associated  with  simple  shapes  are  reviewed.  It  is  noted  that  often  the  overall 
effect  of  the  interference  between  shape  dominated  and  elastic  dominated  scattering  mechanisms  is  a 
pronounced  null  in  the  scattering.  These  nulls  are  easily  observed  in  the  laboratory  or  in  high  signal- 
to-noise  environments,  but  are  susceptable  to  degradation  by  noise.  Separation  techniques  such  as 
suggested  by  resonance  theory  arc  indicated  and  displays  generated  by  a  physics-based  processing 
scheme,  which  might  be  the  basis  of  automated  identification  systems  arc  presented. 


DETECTION 

The  physics  of  the  scattering  process  is  for  the  most  part  a  secondary  issue  for  detection  purposes, 
the  major  emphasis  being  placed  on  source  level  and  processing  gain.  The  active  sonar  equation  is 
given  its  most  basic  form  as 

EL  =  SL  -  TLl -b  TS  -  TL2  (1) 
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where  EL  and  SL  are  source  and  echo  level  respectively,  Til  and  TL2  are  the  transmission  loss  from 
source  to  target  and  target  to  receiver  respectively,  and  TS  in  the  target  strength  of  the  scatterer 
All  of  the  quantities  are  in  dB,  and  TS  is  defined  as; 

T5  =  20  log  + 20  log—  (2) 

Pi 

Here  p,  and  p,  are  the  amplitudes  of  the  measured  scattcied  pressure  and  pressure  incident  at  the 
target  respectively,  r  is  the  range  from  target  to  receiver,  and  To  is  the  reference  distance  of  Im  from 
the  target.  The  is  generally  dropped,  and  it  is  understood  that  TS  is  referenced  back  to  a  distance 
of  Im. 

The  major  interests  in  a  detection  problem  involve  source  level  and  the  gains  that  may  be 
achieved  by  source/receiver  directivity  and  by  processing  techniques.  Gross  estimates  are  generally 
made  of  TS,  and  methods  for  obtaining  these  estimates  include  tables  of  geometrical  acoustics  ap¬ 
proximations,  the  Kirchhoff  approximation,  and  other  high  frequency  schemes.  Eqs.  3  and  4  give  the 
geometrical  acoustics  predictions  of  the  TS  of  a.  rigid  sphere  and  rigid  cylinder  respectively  as  found 
in  Urick.’ 


(r5).=201og|  (3) 

ini  /Sin(fc/sin0j,2  i 

(7’5)e  =  10log(-(-^^^)  cose}  (4) 

In  Eqs.  3  and  4,  a  is  the  radius,  I  is  the  cylin<ier  length,  A  is  the  wavelength  of  the  incident  sound,  9 
is  the  angle  measured  from  normal  incidence  (0°)  to  axial  incidence  (90‘),  and  k  is  27r/A. 

Estimates  of  the  TS  of  a  finite  cylinder  with  hemisperical  end  caps  as  calculated  from  a  combi¬ 
nation  of  the  geometrical  optics  Eqs.  3  and  4  and  by  the  Kirchhoff  approximation  are  given  in  Fig. 
1.  The  cylinder  has  total  length  of  50m  and  a  diameter  of  5m,  the  frequency,  f  =  600  Hz. 


CLASSIFICATION 

The  term  classification  as  used  here  involves  the  physics  of  scattering.  In  the  “forward”  sense 
ns  involves  the  prediction  of  echo  characteristics  from  a  knowledge  of  the  incident  wave  coupled 
with  an  understanding  of  scattering  mechanisms;  in  the  “inverse”  sense,  the  problem  is  to  predict 
the  physical  parameters  of  the  scatterer  from  analysis  of  the  scattered  echo. 

Much  of  the  understanding  of  scattering  mechanisms  and  the  development  of  physics-based- 
processing  techniques  has  come  from  the  studies  of  simple  shapes,  for  which  exact  scattering  so¬ 
lutions  can  be  obtained.  Normal  mode  series  (Rayleigh  series)  solutions  for  the  pressure  scattered 
by  spheres  ’  and  cylinders*’'*  have  been  published  .  Generally  descriptions  are  presented  as  form 
functions.  The  form  function  is  a  dimensionless  form  of  the  scattered  pressure  defined  as 

/oo  =  A—  (5a) 

P.  ' 

where  A  is  a  normalization  factor  that  involves  target  dimensions  and  range.  For  a  sphere  and 
cylinder 


(/co)c 


-  —El 

a  p. 

(5fc) 

V  <1  P, 

(5c) 
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Normal  mode  series  solutions  in  the  form 


/oc=E/"  (5*^) 

n=0 

are  given  in  Refs.  3,  4  and  in  many  others.  For  a  rigid  sphere  and  rigid  cylinder,  these  solutions  have 
in  the  backscatterer  direction  the  simple  forms: 


-2  y..  .  ,  J'nika) 

iinka)i 


ka 


nin(^a) 

h'Jka) 


For  an  infinite  solid-elastic  cylinder,  the  backscattered  form  function  has  the  general  form: 


(5e) 

(5/) 


/oo(A:a)  =  A^{2  ~  S„o)~^^~cosn<pH^\kr)  (6a) 

where  b{n,ka)  and  D{n,ka)  are  3  x  3  determinants  which  depend  on  the  elastic  parameters  of  the 
material  and  the  fluid.  Resonances  in  /oo(ka)  occur  for  ka  values  that  satisfy: 


Din,ka)  =  0  (66) 

The  Rayleigh  series  is  the  preferred  method  for  computing  the  response  of  these  canonical  shapes; 
although,  it  does  not  directly  illuminate  the  scattering  mechanisms 

Interest  in  circumferential  waves  became  acute  because  of  the  experimental  work  carried  out  at 
ARL  Texas®’  and  this  distinctive  view  of  scattering  was  formalized  by  Uberall  and  collaborators,^’® 
who  transformed  the  Rayleigh  summation  over  n  into  an  integral  in  the  complex  v  plane  using  the 
Watson  transfonnation.  The  residues  of  poles  which  occurred  at  values  ui{ka),[l  =  1,2- ••m)  which 
satisfy 

D[v,  ka]  =  0  (6c) 

were  associated  with  circumferentially  traveling  surface  waves  having  a  phase  velocity 


ci(ka)  = 


(ka)cu, 

Revi 


(6d) 


"Franz”  or  “Creeping”  waves  were  associated  with  geometrical  diffraction,  and  of  the  Franz  type 
poles  only  /  =  1  is  significant  for  underwater  scattering.  Rayleigh  type,  Ri,  waves  were  associated 
with  the  elasticity  of  the  material.  The  Ri  label  is  associated  with  the  “leaky”  Rayleigh  surface  wave 
on  a  flat-infinite-half  space.  Associations  of  the  higher  R;=2.  m  poles,  with  elastic  phenomena  has 
been  the  subject  of  several  papers.®’*® 

Form  function  curves,  computed  by  the  Rayleigh  series,  for  solid-elastic  .spheres  are  given  in  Fig. 
2  Features  in  these  form  functions  arc  related  to  both  the  geometry  and  to  material  parameters. 
The  rigid  body  curve  (Fig.  2a)  shows  peaks  and  nulls  associated  with  the  creeping  wave.  The  elastic 
form  functions  have  a  low  frequency  region  similar  to  that  of  the  rigid  body;  as  ka  increases  this  is 
followed  by  characteristics  relaced  to  their  shear  and  longitudinal  velocities.  The  ka  position  of  the 
initial  form  function  peak  and  the  AI-vi  between  peaks  are  characteristics  of  the  shape  and  size  of  the 
target.  The  amplitude  of  the  initial  peak  is  related  to  the  density.  The  deviations  from  the  rigid  are 
related  to  the  natural  modes  of  vibration  of  the  target  *'** 


The  resonances  are  labeled  (n,  1)  where  the  I's  arc  the  eigcnfrequencie.'i  associated  with  the  modal 
numbers,  n.  For  solid  spheres  and  cylinders  whose  densities  p,  >  p^  nnd  whose  shear  speeds  c,  >  c^, 
the  initial  deviation  from  the  rigid  is  caused  by  the  excitation  of  the  (2,1)  “spheroidal  mode”,  and  the 
ka  position  at  which  this  is  oli.served  is  related  *o  the  shear  speed  of  the  material.  Vogt  separated  the 
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Rayleigh  series  describing  the  pressure  scattered  by  solid  sphere  into  rigid  and  resonance  portions 
and  his  plot  of  the  modulus  of  the  elastic  portions  for  three  materials  is  seen  in  Fig.  3.  The  ka 
position  of  the  (2,1)  resonance  nulls  were  shown  to  have  a  direct  relationship  to  the  relative  shear 
speeds  in  the  materials,  and  as  will  be  described  below,  this  is  true  because  the  position  of  the  (2,1) 
mode  and  the  relative  positions  of  the  (n,l)  modes  in  general  are  related  to  the  leaky-Rayleigh  wave 
speeds  in  the  material. 

The  relationship  between  these  free  body  resonances  (n,£)  and  the  surface  wave  description 
derived  from  the  Watson  transformation  was  presented  in  a  joint  Catholic  U/NRL  paper. In  brief, 
resonances  labelled  (n,£)  are  related  to  the  elastic  circumferential  wave.  The  eigenfunction 
index,  n,  represents  the  circumferential  mode  number,  i.e.,  there  are  2n  nodes  on  the  surface,  and  the 
eigenfrequency  number,  £,  represents  the  number  of  nodes  along  the  radius.  The  significant  member 
of  the  family  of  Rt  waves  is  the  circumferential  wave  related  to  the  leaky  Rayleigh-siirface  wave 
(n,  1).  Fig.  4  shows  a  computation  of  the  normal  node  series  solution  for  a  solid  steel  cylinder 
and  for  a  steel  cylinder  with  a  hole,  whose  diameter  is  O.ld  drilled  in  the  center  of  the  cylinder. 

Note  that  the  (2,1)  mode  position  is  altered  by  the  presence  of  the  hole,  while  the  (3,1)  and 
higher  (n,l)  modes  are  far  less  effected.  The  surface  wave  penetrates  ~  A/2  into  the  target.  At  Low 
frequency  the  hole  interacts  with  the  wave,  at  higher  frequency  it  does  not. 

The  resonance  theory  of  scattering  was  formalized  in  a  second  joint  Catholic  University/NRL 
paper,  in  which  the  scattering  by  solid  elastic  spheres  and  cylinders  was  described  in  the  form: 

foo(ka)  =  ^  /«'»-'(l-a)  +  Y^r’(ka), 

«  n 

where  is  in  the  form: 

f”  oc - _ 

k-k„  +  ir„ 

In  the  case  of  solid-elastic  metal  targets,  the  isolation  of  the  background  term  as,  /’’’^'‘‘{ka),  (see  Eq. 
7a)  is  straightforward.  The  identification  of  a  proper  background  term  for  most  targets  particularly 
shells,  is  not  so  strsiightforward.  Werby*"*  has  written  a  recent  paper  on  this  significant  topic. 

The  identification  of  the  relevant  background  terra  is  a  powerful  analysis  tool  because  the  back¬ 
ground  term  is  generally  large,  and  masks  an  easy  isolation  of  significant  plastic  mechanisms.  As  is 
seen  in  many  examples  discussed  in  this  paper,  the  effects  of  clastic  mechanisms  often  appear  as  nulls 
in  the  total  form  function,  but  as  large  peaks  when  the  proper  background  is  subtracted. 

Fig.  5  shows  form  function  computation  for  steel  cylindrical  shells,  and  for  a  rigid  and  soft 
cylinder.  The  figure  illustrates  the  comphcations  involved  in  choosing  a  background  response,  but 
alw  the  interesting  variations  in  the  low  frequency  response  of  shells  as  a  function  of  thickness.  The 
initial  slope  of  the  form  function  approaclies,  in  magnitude,  the  “perfectly  soft”  limit  at  thickness, 
h  =  .005a  (i  =  .995);  it  moves  toward  the  rigid  slope  for  ^  =  0.99,  and  approaclies  zero  as  |  «  0.96. 
As  thickness  is  further  increased  it  returns  toward  the  rigid  value. 

Only  two  tenns  in  the  Rayleigh  series  the  n  =  0,  and  n  =  1  term  axe  important  in  describing 
the  form  function  for  a  hollow  cylindrical  shell  for  ka  <  1  as  seen  in  Fig.  6  which  shows  the  form 
function  foo,  and  the  partial  wave  terms  /o,/i,  and  for  the  steel  shell  with  =  0  96.  The  relative 
null  in  the  form  function  is  caused  by  the  cancellation  between  the  fo  term  which  is  dominated  by 
the  compressibility  of  the  shell  and  the  /j  term  which  is  iloniinated  by  the  mass  of  the  shell.  A  recent 
paper  by  Gaumond'*  describes  the  low  frequency  icsponscs  of  shells  in  terms  of  their  compressibility 
and  mass  relative  to  that  of  the  displaced  water  volume. 

The  examples  of  form  function  presented  here,  have  been  for  simple  sliain  s.  but  arc  representative 
of  the  scattering  mechanisms  and  the  effects  of  scattering  mechanism  on  the  response  of  targets 
Many  of  the  major  identification  features  are  destructive  interference  nulls  in  the  form  function 
magnitude  caused  by  the  interaction  of  geometric  and  clastic  effects.  These  nulls  are  easily  isolated 
in  the  laboratory,  but  arc  strongly  effected  by  noise  Additionally,  the  pha,sc  of  the  scattering  form 

1078 


(7a) 

(75) 


function  is  strongly  impacted  by  the  elastic  mechanisms,  but  these  phase  changes  are  obscured  by 
the  consistent  increase  in  phase  eingle  with  frequency,  that  results  from  the  time  delay  bias  between 
scattered  and  incident  waves.  Examples  of  the  magnitude  effects  (i.e.  form  function  nulls)  have  been 
seen  throughout  this  paper;  the  phase  effects  are  illustrated  in  Fig.  7  which  shows  the  fonii  function 
magnitude  (Fig.  7a)  and  form  function  phase  (Fig.  7b)  for  a  solid  steel  sphere,  along  with  a  plot 
of  the  rate  of  phase  change  with  respect  to  frequency  (Fig.  7c).  In  Fig.  7c  three  distinct  features, 
no  longer  obsciued  by  the  time  delay  bias,  can  be  observed.  There  is  a  slowly  oscillating  region 
associated  with  the  rigid  body/creeping  wave  response;  there  are  single-step  changes  associated  with 
the  Rayleigh/shear  wave  speeds;  and  there  aie  single-cycle  swings  associated  with  the  longitudinal 
speed  in  the  materia' 

A  joint  time/frequency  analysis  approach  sensitive  to  scattering  mechanisms  was  described  by 
Yen.'®'*^  The  technique  is  based  on  the  Wigner  distribution  function  (WDF).  The  properties  of 
the  Wigner  function  and  the  description  of  the  time-frequency-analysis  processing  scheme,  based 
on  a  local  average  of  the  WDF,  is  given  in  Ref.  17.  Vein  diagram  displays  that  result  from  an 
implementation  of  Yen's  scheme  are  given  for  solid  spheres  rmd  hollow  spherical  shells  in  Figs.  8  and 
9  respectively.  In  these  black  and  white  versions  of  the  vein  diagram,  the  thickness  of  the  lines  is 
related  to  the  magnitude.  The  displays  in  Fig.  8  show  dark  lines  (SR)  associated  with  the  specular 
reflection  for  aluminum  oxide  and  steel  at  tas  0.3;  creeping  wave  lines  (CW)  are  found  near  t«  1, 
and  remain  to  much  higher  ka  for  aluminum  oxide  because  of  its  very  high  shear  velocity.  The  shear 
speeds  may  be  estimated  directly  from  the  relative  positions  of  the  Rayleigh  wave  lines  (SW)  in  Figs. 
8a  and  8b.  The  interference  patterns  within  the  specular  reflection  lines-more  visible  in  color  plots- 
give  longitudinal  speed  estimates.  The  vein  diagram  for  the  plastic  sphere  (Fig.  8c)  is  much  different 
in  character.  The  specular  (SR)  line  is  not  the  laigest  in  magnitude.  There  is  no  creeping  wave  line. 
A  compressional  wave  (LW)  line  is  visible,  rmd  both  the  LW  and  shear  (SW)  lines  are  at  positions 
which  indicate  the  relatively  low  sound  speeds  in  Incite.  The  largest  magnitudes  are  associated  with 
♦he  LW  and  SW  lines  which  shows  that  penetration,  refraction,  and  reradiation  produce  the  main 
echo  response. 

The  vein  diagrams  for  shells,  seen  in  Fig.  9,  were  all  obtained  for  stcmnless  steel.  Thicknesses  of 
I  =  0.99,  j  =  0.94,  and  -j  =  0.90  are  represented  in  Figs.  9a-c  respectively.  The  character  of  lines 
associated  with  specular  reflection  (SR),  and  with  compressional  (SFM)  and  flexural  (AFM)  waves 
within  the  shell  indicate  the  thickness  related  differences.  It  is  believed  that  schemes,  such  as  the 
vein  diagrams,  derived  from  the  modified  WDF  will  be  robust  against  noise,  and  this  is  an  on-going 
topic  of  research  at  NRL. 


CONCLUSION 

There  have  been  hundreds  of  articles  and  papers  that  have  described  acoustic  scattering  mech¬ 
anisms,  and  the  implications  of  these  mechanisms  on  the  prediction  of  either  the  characteristics  of 
an  acoustic  echo  and/or  the  isolation  of  target  parameters  from  an  echo.  A  few  mechanisms  and 
target-identification  features  and  techniques  were  discussed  in  this  paper.  In  all  of  the  examples 
discussed  here  the  frequency  response  and/or  the  time  response  of  the  echo  could  be  obtained  by 
exact  analytic  means.  It  is  clear  from  the  difficulties  associated  with  the  exploitation  of  these  well  un¬ 
derstood  situations,  that  even  as  high  quality  scattering  solutions  for  non-canonical  targets  become 
available  through  boundary  element  and  finite  element  techniques,  as  well  as  through  high  quality 
experimental  measurements,  the  development  of  physics-based  algoritms  for  target  identification  is 
still  a  wide  open  area  of  investigation. 
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Fig.  1  An  approximation  to  the  target  strength  of  a 
rigid  finite  cylinder  with  hemispherical  end 
caps  as  produced  from  geometrical  acoustics 
tables  (left)  and  the  Kirchhoff  approximation 
(right). 
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The  form-function  for  a  rigid 
sphere,  and  for  solid-elastic 
spheres  of  tungsten  carbide, 
brass,  steel,  and  aluminum. 


The  description  of  the  scattering 
by  tungsten  carbide,  brass,  and 
aluminum  spheres  that  remain 
when  the  rigid-body 
contributions  are  subtracted. 


2.0 


4.0 


8.0 


Fif,.  4 


0.0 


6  0 


10.0 


An  example  of  the  effect  of  a  hole  on  the  “leaky  Rayleigh-wave”  contribution  to  the  scattering. 
The  form  -functions  comp2u:ed  are  infinite  aluminum  cylinders.  The  solid  curve  is  competed  for 
a  solid  body;  the  dashed  curve  for  a  body  with  ^  =  0.9. 


Fig.  5  The  form-function  for  a  rigid  and  soft  infinite  cylinder,  and  for  cylindrical-steel-shells  with 
i  =  0.995,  ^  =  0.99,  andi  =  0.96. 
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Fig.  6  The  .•m-fiu.'tion  for  an  infinite-cylindrical-steel  shell  with  |  =  0.96  and  the  magnitudes  of 
individual  psrlu.’-WfVe  terms  /o,/i,/i. 
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Fig.  7  The  form-function  magnitude  (a)  and  phase  (b)  for  a  solid  steel  sphere,  cind  the  rate  of  change 
of  the  ph^lse  with  frequency  (c). 
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Fig.  8  The  Vein  diagrams  for  solid  elastic  spheres  of  aluminum,  steel,  and  lucite. 


a 

B 

I- 


0  5  10  15  20 


Frequency  (ka) 


Frequency  (ka)  Frequency  (ka) 


Fig.  9  The  Vein  diagrams  for  spherical  .shells  of  .stainlc.s.s  steel;  thicknesses  are  (a)  j  =  0.99,  (b)  |  — 
0.94.  and  (c)  ~  =  0.90. 
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ABSTRACT 

Analysis  of  theoretical  and  experimental  research  of  backscattering 
of  sound  from  the  ocean  bottom  is  presented.  Geoacoustic  model  of 
scattering  is  proposed,  in  which  the  bottom  is  considered  to  be 
irregular  stratified  medium  with  scatterers  of  two  types  : 
irregular it les  of  bottom  relief  and  volume  inhomogeneit les  of  bottom 
medium  -  random  fluctuations  of  the  acoustical  parameters.  Two  cases  of 
high  and  low  frequences  are  considered.  At  high  frequencies  sound 
penetration  into  the  sediments  is  so  small,  that  bottom  stratification 
IS  not  taken  into  account.  The  influence  of  sedimentary  stratification 
on  sound  scattering  is  studied  for  low  frequencies.  The  results  av-e  used 
for  interpretation  of  characteristic  and  distinctive  features  of  sound 
scattering  from  the  bottom  in  shallow  and  deep  regions  of  the  ocean. 

INTRODUCTION 

Acoustic  scattering  from  the  ocean  bottom  is  a  process  of  interest 
and  considerable  importance,  due  to  its  effect  on  acoustic  propagation, 
operation  of  underwater  acoustic  systems,  and  as  a  means  of  remotely 
obtaining  information  on  seabed  sediment  properties. 

The  prediction  of  acoustic  scattering  from  the  bottom  and  remote 
measuring  of  its  parameters  are  possible  only  if  there  is  geoacoustic 
model  of  sound  scattering, i . e. ,  the  model  which,  on  the  one  hand,  is  to 
be  based  on  up-to-date  geological  and  geophysical  studies  of  sediment 
medium  and,  on  the  other  hand,  makes  it  possible  to  explain 
characteristic  and  distinctive  features  of  sound  scattering  from  the 
bottom. 

The  purpose  of  this  paper  is  to  analyze  a  number  of  models, 
applicable  for  high  and  low  frequencies.  The  bottom  is  considered  to  be 
irregular  medium  with  scatterers  of  two  types  :  irregularities  of  bottom 
relief  and  volume  inhomogeneit les  of  bottom  medium  (random  fluctuations 
of  the  acoustical  parameters).  Two  cases  of  high  and  low  frequencies  are 
considered.  At  high  frequencies  sound  penetration  into  the  sediments  is 
so  small,  that  bottom  strat i f icat ion  is  not  taken  into  account,  i.e. , 
the  bottom  may  be  assumed  to  be  homogeneous  on  the  average.  In  this  case 
analysis  of  bottom  backscattering  is  presented  for  both  types  of 
scatterers  and  for  main  types  of  bottom  medium;  muds,  silts,  sands  and 
rocks.  The  influence  of  sedimentary  stratification  on  sound  scattering 
IS  studied  for  low  frequencies.  The  results  are  used  for  interpretation 
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of  some  typical  and  distinctive  features  of  experimental  frequency-angle 
dependences  of  the  bacWscattering  coefficient  observed  in  shallow  and 
deep  regions  of  the  ocean. 

flNRLYSIS  OF  BfiCKSCRTTERING  EXPERIMENTS 


We  now  discuss  the  scattering  properties  of  the  ocean  bottom 
experimentally  observed  in  shallow  water  and  deeo  sea.  They  are 
characterized  by  the  so-called  scattering  coefficient,  which  is  measured 
in  far  (Fraungofer)  zone  relative  to  the  scattering  part  of  the  bottom 
and  IS  defined  as 


scat 

T  fl 

me 


( 1 ) 


where  average  acoustic  power  scattered  by  part  of  the 

bottom  with  surface  area  fl  in  a  specified  direction  per  unit  solid 

angle,  and  I  is  the  intensity  of  the  incident  sound  wave  near  the 

^  ’  me  ^ 

scattering  part  of  the  bottom. 

In  most  cases  experimental  studies  of  backscatter ing  only  are 
carried  out  to  investigate  the  dependence  of  quantity  m  on  the  grazing 
angle  of  the  incident  sound  wave  relative  to  the  bottom,  and  its 
frequency.  Let  us  consider  most  typical  frequency-angle  dependences  of 
thebackscattermg  coeff icientstrength  observed  in  shallow  and  deep 
regions  of  the  ocean  with  bottom  sediments  of  several  types. 


The  paper  111  gives  generalized  (  averaged  )  dependences  of  m^^  on 

the  grazing  angle  x  »  obtained  by  a  number  of  authors  m  shallow  seas 
and  coastal  regions  of  the  ocean  m  the  frequency  range  10  -  100  kHz  for 

grazing  angles  of  5  -  so"^.  It  is  shown  that  for  sandy  sediments  angular 
dependence  of  m^^  is  rather  close  to  the  Lambert  law 

m^  ~  sm^A:  •  <2> 

For  silts  and  muds  m.  is  close  to  the  Lommel-Seel iger  law 

b 

m^  ~  sm  .  (3) 

For  X  -  ^  scatter  of  experimental  points  usually  increases 

and  there  is  no  regular  dependence  C2].  Besides  frequency 

independence  of  m^^  is  observed  in  most  bottom  backseat tering 

experiments. 

Deeg_sea 

Some  typical  dependences  of  m^^  on  ,  obtained  in  deep  ocean 

regions  in  the  frequency  range  0.8  -  6.4  kHz  for  grazing  angles  of  1 
GO*'  are  analyzed  m  Cn.  It  is  shown,  that  mj^  is  almost  frequency 

independent  and  its  angular  dependences  are  between  the  Lommel-Seel iger 
law  and  the  Lambert  law. 


GEOOCOUSTIC  MODELING  OF  SOUND  SCOTTERING 

To  explain  typical  features  of  sound  backscatter ing  from  the  ocean 
bottom  the  geoacoustic  model  of  scattering  is  needed.  This  model  should 


1088 


be  based  on  up-to-date  geological  and  geophysical  studies  ot  sediment 
medium,  as  to  its  fundamental  physical  properties,  stratification  and 
spatial  inhomogeneity,  etc.  C33.  Let  us  consider  the  bottom  as  irregular 
stratified  medium.  This  model  takes  into  account  two  types  of  sound 
scatterers  :  irregularities  of  bottom  relief  and  volume  inhomogeneit les 
of  bottom  interior  (random  fluctuations  of  the  acoustical  parameters). 

Since  attenuation  of  sound  in  the  sediments  varies  directly  as 
sound  frequency,  only  a  shallow  sedimentary  surface  layer  having  a 
thickness  inversely  proportional  to  the  radiation  frequency  is 
effectively  irradiated  by  sound  and  scatters  it.  fit  higher  frequencies, 
owing  to  strong  absorbtion  of  sound  in  the  bottom,  it  is  rather  a  thin 
layer.  In  this  case  the  bottom  in  geoacoustic  models  may  be  assumed 
homogeneous  on  the  average,  i.e. ,  it  is  assumed  that  the  mean  values  of 
its  acoustical  parameters  (sound  velocity,  density,  and  absorbtion 
coefficient)  do  not  depend  on  the  depth.  For  this  case  of  sufficiently 
high  frequencies  the  analysis  of  the  bottom  scattering  coefficient  is 
presented  below  for  both  types  of  scatterers  and  for  main  types  of  ocean 
bottom  medium  ;  muds,  silts,  sands,  and  rocks  (  basalts  ). 

fts  the  frequency  is  lowered,  the  penetration  depth  of  sound  in  the 
bottom  increases,  and  the  mean  values  of  the  acoustical  parameters  vary 
with  depth  within  the  insonofied  layer,  i.e. ,  stratification  can  no 
longer  be  neglected,  since  it  induces  a  qualitative  change  in  the 
spatial  structure  of  the  sound  field  in  the  sediments.  This  is  caused  by 
the  onset  of  waves  associated  with  refraction  as  the  sound  velocity  in 
the  sediments  increases  with  depth,  along  with  waves  reflected  from 
internal  interfaces  in  the  bottom  and  interference  between  these  waves. 
It  IS  shown  below  that  sedimentary  stratification  can  influence  the 
scattering  properties  of  the  bottom  significantly,  and  the  allowance  for 
this  influence  makes  it  possible  to  explain  the  distinctive  features 
observed  in  the  frequency  and  angular  dependence  of  the  sound-scattering 
coefficient  of  the  bottom  in  shallow-  and  deep-water  regions  of  the 
ocean,  in  particular  at  small  grazing  angles. 

H^gh_f reguency 

First  let  us  consider  the  case  of  sufficiently  high  frequencies, 
when  the  bottom  may  be  assumed  to  be  homogeneous  on  the  average,  i.e., 
bottom  strat if icat ion  is  not  taken  into  account.  Besides,  water- 
saturated  sediments  of  the  upper  surface  layer  in  most  cases  may  be 
supposed  to  be  a  liquid  medium,  i.e.,  influence  of  shear  elasticity  of 
the  bottom  is  to  be  neglected.  But  it  is  not  justified  in  the  case  of 
sufficiently  dense  sands  and  rocks,  which  will  be  considered 
separately. There  are  two  types  of  sound  scatterers,  roughness  of  water- 
bottom  interface  and  volume  inhomogeneit les  of  bottom  medium,  which  we 
will  take  into  account.  If  volume  inhomogeneit les  are  rather  weak,  the 
approximation  of  volume  single  scattering  may  be  used.  Xn  this  case  it 
may  be  shown  that 


m.  =  m  +  ro  (4) 

b  V  s 


where  m^  and  m^  are  the  coefficients  of  sound  scattering  by  volume 
and  surface  irregularities. 


Vol ume_scatter^ng.  The  scattering  of  high  frequency  sound  hy 

inhomogeneit les  of  liquid  sediments  has  been  investigated  in  papers 
Cl, 43.  fin  equation  has  been  derived  C43  for  the  coefficient  of 
backscatter ing  of  sound  from  the  bottom  in  the  case  of  a  plain  water- 
sediment  interface  (m  =  0) 

5 

m.  =  m  =  (|W|^/m^)m  h  __  (S) 

b  V  '  '  o  eff 
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2  2  1/2 

where  W  =  2ni  sin  /  C  m  sin  .•^  +  (  n  -  cos  x'>  ^  is  the  pressure 

coefficient  of  sound  transmission  from  the  water  into  the  bottom,  m  is 

the  ratio  of  the  densities  of  the  bottom  to  the  water,  n  =  n^(l  +  lot) 

IS  the  complex  refractive  index,  ct  is  the  loss  tangent  (0  <0  <<  1), 

m  IS  the  volume  sound-scattering  coefficient  in  the  bottom,  and  h 
o  eff 

15  the  effective  thickness  of  the  scattering  layer  (penetration  depth  of 

sound  into  the  bottom) 


h  .,  =  Re(n 
eff 


cos  ,'t)/(2/Jn^) 


(6) 


where  the  symbol  Re  denotes  the  real  part,  p  =  2kn^c<  is  the  energy 

coefficient  of  absorbtion  in  the  bottom,  k  is  the  wave  number  of  the 

o 

sound  in  the  water.  For  m  we  have 

o 


m 

o 


2rrk  6(q) 


(7) 


where  G(q)  is  the  spatial  spectrum  of  the  inhomogeneit les,  q  is  the 
scattering  vector,  k  =  k^|n|  is  the  modulus  of  the  wave  number  in  the 

bottom.  It  may  be  shown,  part icularly,  that  in  the  case  of  water- 

saturated  sediments,  for  not  very  small  angles,  when  |n^-l|  <<  sin"";^  , 

"Eq.S"  leads  to 

a  m  sin  X 

m  =  - - 7-  (8) 

V  2  4 

m  (m+1)  7? 


that  IS  in  agreement  with  the  observed  Loromel-Seel iger  law.  For  sands, 
the  calculations  predict  a  sharp  decrease  of  at  x  <  =  arccos  n^ 

(critical  angle),  because  of  the  decrease  of  the  sound  penetration  into 
the  sediments.  But  experiments  usually  do  not  show  such  a  sharp 
decrease.  It  may  be  partially  explained  if  roughness  of  the  bottom 
surface  or  its  shear  elasticity  is  taken  into  account. 


2nf^uence_of  shear_elastj^c^t^.  Sound  scattering  by  volume 

inhomogeneit les  of  an  elastic  half-space  has  been  investigated  in  our 
recent  paper  C53.  The  angular  dependence  of  the  backscatter mg 
coefficient  has  been  calculated  for  typical  pai'anieters  O'f  several  ocean 
media  such  as  ice,  basalt,  and  a  sandy  ocean  brttom.  It  is  shown, 
particularly,  that  shear  elasticity  radically  alters  the  form  of  the 
angular  dependence  of  the  scattering  coefficient  for  basalt  and  ice. 
This  influence  is  alsci  fairly  strong  in  the  case  of  a  dense  sandy  medium 
(m  =  2.2),  fO'r  which  the  backscatter  mg  coefficient  increases  by  S-7  dB 

at  grazing  angles  x  -  Calculations  show  that  the  influence  of  shear 
elasticity  on  angular  character  1st ics  of  the  scattered  field  can  be 
disregarded  for  less  dense  marine  sediments  with  a  relative  density 
m  <  2.  m  which  case  the  increase  is  less  than  3  dB. 


Scattering  of  sound  by  roughness  of 

watei — sediments  interface  without  volume  mhomogenei 1 1 es  has  been 
investigated  m  adequate  detail.  There  are  two  mam  approaches  ‘;o  this 
problem  C&3.  The  Kirchhoff  approximat ion  requires  that  the  scattering 
interface  irregu larit les  be  relatively  large  and  smooth  m  the  sense 
that  their  radii  of  curvature  must  not  be  much  smaller  than  acoustic 
wavelength.  The  sma 1 1 -roughness  perturbation  approximat ion  is  valid, 
when  the  interface  relief  is  smaller  than  the  acoustic  wavelength. 

i'hc  analysis  of  surface  scattering  from  the  bottom  without  volume 
inhomogeneit les  shows,  that  it  can  not  exolam  the  typical  exper 1 menta 1 
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dependences  of  ,  which  are  discussed  above,  such  as  the  Lornmel- 
Seeliger  and  Lambert  laws. 

Volume_-  surface  scattering.  A  complete  model  for  high 

frequencies  should  consider  scattering  from  within  the  volume  of  the 
bottom  medium  along  with  its  surface  roughness,  i.e. ,  volume  -  surface 
scattering. 

In  our  paper  C73  it  is  shown  that  there  is  sufficient  influence  of 
large  smooth  roughness  on  the  value  of  the  volume  backseat tering 
coefficient  m^  in  the  angle  region  x-  <for  n^<  1).  Physically,  this 

result  is  explained  by  the  fact  that  the  roughness  of  the  surface 
greatly  enhances  the  penetration  of  sound  into  the  medium  over  tlpose 
parts  of  rouhgness  in  the  vicinity  of  which  local  grazing  angle  x  >X^- 

and  therefore  intensifies  the  scattering  of  sound  by  volume 
inhomogeneit les  of  the  bottom.  It  may  partially  explain  the  fact  that 
experimentally  observed  decrease  for  sands  is  not  so  sharp  at  :t  <  as 

it  might  be  expected. 

Now  we  consider  the  case  of  low  frequencies,  when  bottom 
stratification  can  no  longer  be  neglected.  In  our  paper  C83  an  equation 
has  been  derived  for  backscattering  coefficient 

h 

m^  =  m^  J|g(z) |^dz  (9> 

0 

where  m^  is  an  effective  (depth-averaged)  volume  scattering 

coefficient,  h  is  thickness  of  the  scattering  layer,  and  function  g(z) 
IS  normalized  unperturbed  sound  field  in  the  sediments  (without  volume 
inhomogeneit les) .  Here  we  discuss  the  results  for  specific  models  of  the 
bottom  stratification  C83. 

£2!25.i!2i!2!iS_55.!2§tif  consider  the  influence  of 

continuous  stratification  of  the  bottom  medium,  when  the  averaged 
acoustical  paramete’s  are  the  continuous  functions  of  depth.  Some 
general  properties  of  sound-scattering  coefficient  of  the  bottom  can  be 
established  without  specifying  the  explicit  form  of  these  functions,  for 
the  case,  when  they  are  sufficiently  smooth,  the  modified  WKB 
approximation  for  the  unperturbed  field  in  the  bottom  has  been  used, 
which  IS  valid  in  the  neighborhood  of  the  depth  level  of  the  turning 
point  as  well  as  outside  it.  It  is  shown,  that  if  the  turning  point 
exists  (sound  velocity  grows  with  depth,  grazing  angles  are  not  too 
large), the  bottom  scattering  coefficient  closely  corresponds  to  the 

Lambert  law  m^  ~  sin*^;);  .  We  add  here  that,  as  it  is  mentioned  above,  an 

appreciable  growth  of  the  sound  velocity  with  depth  in  the  upper 
sedimentary  layer  and  the  Lambert  law  scattering  are  most  typical  of  the 
indicated  sandy-type  sediments. 

iuf  i22!2ES_2f  _il!5.2!225i_!222!ll2f£i25'  analyze  the  influence  of 

internal  reflecting  boundaries  in  the  sediment  on  the  bottom-scattered 
field,  a  bottom  model  has  been  investigated  in  the  form  of  a  randomly 
inhomogeneous  layer  situated  on  a  reflecting  surface  Cai.  It  has  been 
shown,  that  both  the  frequency  and  angular  dependence  of  the  scattering 
coefficient  m^  are  rapidly  oscillating  in  this  case.  The  amplitude  of 

the  oscillations  of  m^  increase  abruptly  at  small  grazing  angles  in 
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the  case  n  >1.  This  means  that  the  scatter  of  the  experimental  points 

u 

oue  to  individual  oscillations  of  the  frequence  and  angular  dependence 
of  will  necessarily  increase  sharply  at  small  angles  in  the 

measurement  of  m^  by  means  of  receiving  and  radiating  systems  with 


sufficientlv  high  frequency-ang le  resolution.  This  effect  is  indeed 
observed  in  experiments  on  the  backscatter ing  of  sound  by  the  bottom,  as 
it  IS  mentioned  above,  and  can  be  explained  within  the  scope  of  the 
above  described  bottom  model,  because  many  types  of  bottom  media  are 
known  C3]  to  be  characterized  by  the  existence  of  a  sui'face  sedimentary 
layer  in  which  the  sound  velocity  is  smaller  than  in  water  (n^>l). 


The  frequency  and  angular  dependences  of 
coefficient,  averaged  ove>'  the  rapid  oscillations,  ar 
interest  insofar  as  they  can  be  logically  compared  with 
dependences  obtained  by  averaging  the  data  over  a  certai 
and  an  interval  of  grazing  angles,  as  is  customary  in 
averaging  is  also  realized  automatically  with  the 
insufficiently  narrow  systems  and  the  use  of  wideband 
result  we  obtain  C81,  that  the  scattering  coefficient 
rapid  oscillations  is  close  to  the  Lommel-Seel iger  law 


the  scattering 
e  of  practical 
the  experimental 
n  frequence  band 
practice.  Such 
application  of 
filters.  As  a 
averaged  over 
m  sin  Xf 


which  frequently  is  observed  experimentally. 
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ABSTRACT 

Simulation  of  point  monopole  and  dipole  sound  sources  is  often  needed  for  a  number  of  laboratory  experiments. 
Availability  of  a  true  point  sound  source  is  particularly  useful  in  evaluating  a  range  of  theoretical  formulations  and 
to  validate  computational  aeroacoustics  codes.  This  paper  will  describe  the  construction  of  a  device  that  provides 
laboratory  simulation  of  point  monopole  sound  sources.  Addition  of  two  such  sources  with  suitable  phase 
differences  enables  the  simulation  of  point  dipoles.  Directivity  measurements  of  a  point  monopole  and  a  point 
dipole  sound  source  made  in  an  anechoic  chamber  are  presented.  Selected  examples  of  how  the  devices  have  been 
us^  to  verify  theoretical  calculations  are  also  provided. 

NOMENCLATURE 


U  Particle  velocity 

po  Equilibrium  density 

Po  Equilibrium  pressure 

c  Velocity  of  sound  propagation 

k  Wave  member 


p  Instantaneous  density 

P  Instantaneous  pressure 

p  Excess  or  acoustic  pressure  =  P  -  P^ 
t  Time 

to  Circular  frequency  in  radians/sec 


INTRODUCTION 

In  this  paper  we  shall  consider  the  laboratory  simulation  of  two  of  the  acoustic  point  sound  sources,  namely,  a 
monopole  and  a  dipole.  The  monopole  is  the  simplest  of  the  point  sound  sources  and  is  classically  regarded  as  a 
small  pulsating  sphere.  Two  such  sources,  pulsating  in  antiphase,  are  combined  to  form  a  dipole.  The  monopole 
source  can  be  considered  as  a  source  ol  time  varying  mass  injection.  In  the  dipole  source,  on  the  other  hand, 
while  there  exists  no  net  mass  flux,  it  can  be  representoJ  by  a  fluctuating  force. 

There  are  a  number  of  applications  that  require  simulation  of  a  point  monopole  or  a  dipole  sound  source  in  the 
laboratory.  Over  the  last  15  years,  this  author  and  his  colleagues  have  utilized  such  sources  for  applications  to  a 
range  of  acoustics  problems.  Some  of  these  applications  include;  (1)  calibrating  the  acoustic  quality  of  anechoic 
chambers  [  1 );  (2)  studying  refraction  of  .sound  through  jets  and  verifying  the  existence  of  Snell's  law  for  sound 
propagation  through  a  flow  discontinuity  [1,2];  (3)  studying  convective  amplifications  applicable  to  high-speed, 
low-flying  aircraft  [3|;  (4)  exciting  instability  waves  in  mixing  layers  of  a  modei-scaie  Jet  [4,5|;  (5)  generating 
.sound  waves  at  the  focus  of  a  paraboloidal  reflector  to  obtain  plane  waves  |6|;  and  others. 

The  details  of  the  design  of  these  sources  and  their  performance  characteristics  are  provided  in  this  paper.  A 
summary  of  how  these  sources  were  applied  to  various  research  problems  and  where  the.se  .sources  can  be  used  in 
the  future  is  al.so  given. 

•  Hecui-  Acoustics  Branch,  GTRUAERO  and  Professor.  School  of  Aerospace  Enjiincci  inx 
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DESIGN  OF  THE  POINT  MONOPOLE  SOUND  SOURCE 


Theoretical  Requirements 

The  monopole  may  be  classically  regarded  as  a  pulsating  sphere  giving  nse  to  a  system  of  acoustic  waves  whose 
amplitude  and  phase  is  a  function  only  of  the  distance  from  the  source.  A  simple,  two  dimensional  analogue  is  th'^ 
waves  emanating  from  a  rock  dropped  into  an  otherwise  calm  pond. 

The  wave  equation  given  by 


,2 

— f-  =  c2V  p 

at 

must  be  satisfied 

where,  in  spherical  coordinate  system 

a 


VK±  _  r2-  +— 1 


dr  \  Or!  r^sin  0  d6 


■  «  9 

sin  0  — 

a0 


Since,  for  a  monopo'e  source,  the  amplitude  and  phase 
0  and  ([),  the  wave  equation  (1)  can  be  reduced  to 


dt^  r^ar\  oi/ 


which  can  be  further  simplified  to 

^!M-r2^!(EPl 

at^  dr^ 


(1) 

U-i-il 

)  rhin^e  df^)^  q) 

are  a  function  of  distance,  r,  alone  and  independent  of 


(3) 


(4) 


The  general  solution  of  this  equation  can  be  shown  to  be 

rp(r,t)  =  fi(ct-r)  +  f2(ct  +  r)  (5) 

or  p(r,t)  =  ffi(ct-r)  +  if2{ct  +  r) 

The  first  term  of  this  equation  represents  a  disturbance  traveling  outboards  from  the  origin  at  the  sound  speed  c 
and  the  amplitude  decays  inversely  with  distance  r  from  the  source.  It  can  be  shown  that  this  is  merely  a  result  of 
the  acoustic  power  being  spread  over  spheres  of  increasing  radius.  The  second  wave  is  not  so  important  in 
acoustics  as  it  represents  a  wave  converging  on  the  origin,  and  will  not  be  considered  further. 


By  assuming  a  sinusoidal  form  for  fi  (ct  -  r),  equation  6  can  be  written  as 

p(r,t)  =  Aej(cot-kr) 

where  A  is  a  constant  and  can  be  specified  from  the  knowledge  of  the  pressure  amplitude  variations  at  some  point 
in  the  sound  field. 

Furthermore,  by  regarding  the  source  as  a  small  sphere  of  mean  radius  r,  which  is  small  compared  with  the 
acoustic  wavelength  so  that 

kro«l  (8) 

it  can  be  shown  that 
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(9) 


where  M  is  the  mass  flux  from  the  source  and  can  be  written  as  the  product  of  the  surface  area  of  the  sphere  with 
the  fluid  density  P  and  the  surface  velocity  Uq- 

Equation  9  describes  the  pressure  disturbance  associated  with  a  point  monopole  sound  source  whose  amplitude  is 
inversely  proportional  to  the  distance  and  directly  proportional  to  the  rate  of  change  of  mass  flux  from  the  source. 
Clearly,  an  ideal  monopole  is  expected  to  be  omnidirectional. 

Construction  of  a  Point  Monopole  Source 

The  point  monopole  sound  source  used  by  the  author  consisted  of  a  commercially  available  acoustic  driver  unit 
coupled  to  a  straight  tube  via  an  inverse  conical  hom  section.  The  other  end  of  the  tube  terminated  into  a  0.635  cm 
diameter  opening.  A  typical  source  is  shown  in  Figure  1.  It  should  be  noted  that  the  requirement  of  equation  8 
was  met  by  selecting  a  very  small  source  opening.  The  requirement  of  fluctuating  mass  flux  of  equation  9  was 
met  by  adding  a  driver  at  one  end  of  the  inverse  conical  hom.  Movement  of  the  ^ver  coil  provided  mass  flux 
variation  with  time  from  the  source  opening.  The  strength  of  the  monopole  source  was  changed  by  changing  the 
movement  of  the  driver  coil  which  in  mm  changed  the  rate  of  change  of  mass  addition  at  the  point  source  opening. 

A  number  of  sourc."  configurations  were  tested.  The  config'm».tion  shown  in  Figure  1  has  a  straight  tube 
connected  to  the  conical  temiination.  Another  configuration  ^hown  in  Figure  2,  terminated  into  a  smooth  right 
angled  bend  and  was  equipped  with  a  fairing.  This  source  was  used  to  study  the  effect  of  flow  on  sound 
propagation  within  a  jet.  The  portion  of  the  source  stem  consisting  of  the  fairing  was  immersed  in  the  flow  with 
the  opening  facing  the  direction  of  the  flow.  This  point  source,  shown  schematically  in  Figure  3,  was  subjected  to 
extensive  calibrations.  These  calibrations  carried  out  to  evaluate  the  performance  of  the  source  are  desenbed 
below. 

Point  Source  Directivity  Calibration 

A  calibration  test  to  determine  the  directivity  of  the  point  source  radiation  in  the  absence  of  any  surrounding  flow 
was  conducted  in  an  anechoic  chamber  with  the  experimental  setup  shown  in  Figure  2.  Using  white  noise 
excitation  signal  for  the  driver,  1/3-octave  SPL  spectra  were  measured  at  15°  intervals  on  a  circular  arc  of  radius 
0.305m.  The  directivity  was  measured  in  two  orthogonal  planes  (shown  in  Figure  4)  as  follows: 

Plane  #1 :  Perpendicular  to  the  axis  of  point  source  tube. 

Plane  #2:  Passing  through  the  axis  of  pemt  source  tube. 

Typical  directivity  plots  at  various  frequencies  for  measurements  in  plane  #1  and  plane  #2  are  shown  in 
Figures  5  and  6,  respectively.  As  seen  in  these  figures,  the  point  source  is  fairly  omni-directional  over  the 
frequency  range  considered  in  these  tests.  We  have  thus  met  the  requirements  of  a  point  monopole  sound  source 
and  have  succeeded  in  laboratory  simulation  of  such  a  source. 

Effect  of  Vibration  on  Point  Source 

As  mentioned  earlier,  the  point  sound  source  described  here  is  amenable  to  immersion  in  flows  to  study  sound 
propagation  characteristics  in  a  moving  medium.  It  was  not  clear  if  the  characteristics  of  the  point  monopole 
source  would  change  significantly  if  the  source  started  to  vibrate  by  any  impinging  flow  disturbances.  To 
determine  the  order  of  magnitude  of  the  effect  of  such  vibrations  on  the  characteristics  of  point  source  radiation,  a 
separate  test  was  conduct^  where  aruficia!  vibrations  were  imposed  on  the  point  source  stem.  This  was  achieved 
by  attaching  the  source  stem  to  a  motor-cam  operated  shaker  through  a  0.635  cm  diameter  rigid  bar,  and  operating 
the  shaker  at  various  fr^uencies.  Typical  results  showing  the  effects  of  vibrating  the  point  source  at  a  frequency 
of  10  Hz  are  presented  in  Figure  7.  It  was  concluded  from  these  tests  that  the  changes  in  levels  and  directivity  of 
the  point  source  due  to  vibration  are  negligible. 

DESIGN  OF  THE  DIPOLE  SOUND  SOURCE 

Theoretical  Requirements 

A  dipole  can  be  represented  by  two  monopoles  pulsating  in  antiphase,  placed  a  distance  Lapart  as  shown  in  Figure 

8. 

If  each  source  acting  independently  is  assumed  to  produce  a  .sinusoidal  signal  at  the  observer  O  of  amplitude  ^ 
and  ^  respectively,  tnen  the  acoustic  pressure  at  0  is  given  by 
p  (r,0,i)  =  A  cos  <i)(t  -ri/c)  -  ^  cos  to  (t  -  xtJc) 
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(10) 


Note  that  the  retarded  times  are  used  indicating  that  the  pressure  at  the  observer  location  measured  at  time  was 
generated  at  the  origin  at  earlier  or  retarded  times  (*  ‘  ri/c)  and  (t  -  X'Jc),  respectively  for  r»L,  equation  (10)  can  be 
approximated  to  produce  the  following  expression  for  dipole  sound  field; 

p  (r,9,t)  =  ^  sin  CO  (t  -r/c)  sin  ^ 

It  is  clear  from  this  equation  that  unlike  the  sound  Held  of  a  single  monopole  which  was  constant  at  a  given  distance 
r  in  any  direction,  now  the  amplitude  of  the  signe!  can  vary  anywhere  between  zero  and  2A/r  depending  upon  the 

((oLcose) 
value  of '  2c  ' 


Clearly,  the  final  amplitude  at  the  observer  location  (r.o)  depends  upon  whether  the  sources  are  interfering 
constructively  or  destructively.  However,  when  the  two  monopclf  sources  are  very  close  together  such  that 

coL/c«l  (12) 


the  same  term  in  equation  (1 1)  can  be  replaced  by  its  argument  so  that 
p  (r,0,t)  =  ^ sin  to (t  -  r/c) 


(13) 


The  pressure  amplitude  now  shows  an  angular  dependence,  being  zero  at  0  =  90°  and  rising  to  a  maximum  at 

0  =  0°.  This  is  because  now  at  0  =  90°,  the  retarded  time  differences  for  both  antiphase  monopole  sources  are 
identical  and  as  such  the  radiation  from  the  two  antiphase  monopole  sources  reaches  the  observer  at  the  same  time 
and  adds  destructively.  A:  the  angle  0  is  decreased,  the  radiation  from  one  source  leaves  at  progressively  earlier 
times  compared  to  that  from  the  other  if  they  are  to  reach  the  observer  simultaneously.  Thus  less  complete 
cancellation  occurs  and  a  larger  signal  is  measured  as  the  time  difference  increases. 

To  simulate  a  dipole  sound  source  in  the  laboratory,  we  thus  need  two  point  monopole  sound  sources  operating  in 
antiphase  and  placed  as  close  as  possible.  Keeping  these  requirements  in  mind,  a  point  dipole  sound  source, 
described  below,  was  built  and  tested. 

Constmetion  of  a  Point  Dipole  .Source 

The  point  dipole  consisted  of  two  point  monopoles  described  above.  As  shown  in  Figure  9,  the  two  source  units 
were  mounted  in  a  housing  such  that  the  openings  of  the  two  single  sources  faced  each  other.  The  distance 
between  the  openings  could  be  varied  by  operating  a  hinge-support  located  near  the  acoustic  drivers.  All  of  the 
results  presented  here  were  obtained  with  a  gap  (I)  of  0. 16  cm  ( 1^6  inch). 

Calibration  of  the  Pinole  Source 

These  measurements  were  made  with  the  dipole  unit  mounted  in  the  Georgia  Tech  aneclsoic  chamber  as  shown  in 
Figure  10.  As  shown  in  Figure  1 1,  two  microphone  arcs,  one  for  azimuthal  measurements  and  another  for  polar 
measurements  were  used.  The  microphones  are  for  the  polar  measurements,  which  is  out  of  view  in  the 
photograph  of  Figure  1C,  was  located  directly  underneath  the  point  dipole  .source. 

The  dipole  source  was  calibrated  at  selected  oiscretc  tones.The  Irequencies  of  these  tones  were  350,  500,  7.50. 
1000,  2000.  3000, 40C0,  5000,  and  6000  Henz. 

Strictly  speaking  the  phases  of  the  sound  at  the  opening  of  each  of  the  two  monopoie  sources  should  have  been 
measured  and  adjusted  so  that  they  were  in  antiphase  Because  of  the  small  size  of  the  source  opening  and 
difficulty  of  placing  a  microphone  between  the  gap,  a  different  approach  de.scribed  below  was  adopted. 

As  shown  earlier,  the  dipo'e  should  produce  a  maximum  sound  pressure  level  along  the  line  joining  the  centers  of 
the  openings  of  the  two  sources,  that  is  at  <>  or  0  =  0°  and  a  minimum  perpendicular  to  it  at  0  or  0  =  <>0°  (see 
Figure  1 1).  Keeping  this  requirement  in  mind,  the  phase  of  the  electronic  signal  fed  to  one  of  the  the  acoustic 
drivers  with  re.spect  to  that  of  the  other  was  adjusted  until  a  minimum  .sound  pre.ssurc  level  was  recorded  at  the 
microphone  located  at  0  =  90°.  As  shown  in  Figure  12  for  a  frequency  of  350  Hz,  a  dipole  type  directivity  was 
indeed  obtained  in  the  azimuthal  plane.  The  same  was  found  to  be  tnie  at  other  frequencies  as  seen  in  Figures  1 3 
and  14  for  500  1 1/.  and  1000  Hz.  respectively 
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In  the  polar  plane,  defined  earlier  in  Figure  11,  although  the  trends  of  noise  reduction  in  moving  from  9  =  0°  to 
90°  were  similar  to  those  obtained  in  the  azimuthal  plane,  the  width  of  the  directivity  lobe  was  somehow  much 
narrower  in  the  polar  plane.  This  is  shown  for  the  frequencies  of  350  Hz  and  500  Hz  in  Figures  15  and  16, 
respectively.  The  reason  for  this  inconsistency  is  not  quite  clear. 

SOME  APPLICATIONS  OF  THE  POINT  MONOPOLE  SOURCE 

Some  applications  of  the  monopole  point  sound  source  are  summarized  below; 

Calibration  of  Acoustic  Chambers 

It  is  a  common  practice  to  calibrate  the  performance  of  anechoic  chambers  by  measuring  the  sound  pressure  level 
reduction  as  a  function  of  distance.  If  a  point  monopole  is  used  as  the  source  of  sound  then  if  there  are  no 
reflections  from  the  walls  of  the  anechoic  chamber,  a  6  dB  reduction  for  every  doubling  of  distance  will  be 
obtained.  Typical  results  obtained  from  a  test  using  the  point  monopole  source  described  here  are  presented  in 
Figure  17. 

Excitation  of  Instability  Waves  in  Jets 

Point  monopole  sound  sources  have  been  used  to  study  the  excitation  of  instability  in  jet  flows  [4,  5J.  A  point 
source  allows  a  localized  section  of  the  Jet  to  be  affected  by  sound.  A  typical  configuration  that  has  produced  some 
very  interesting  results  [4, 5]  on  the  subject  of  receptivity  of  jet  flows  to  acoustic  excitation  is  shown  in  Figure  18. 

Sound  Propagation  in  Flows 

Point  monopole  sound  source ,  because  of  its  small  size,  it  is  amenable  to  immersion  in  flows.  Because  of  its 
omnidirectionality,  it  is  ideal  for  studying  the  effects  of  convection  on  sound  directivity  and  on  the  effect  of 
turbulence  on  sound  absorption.  Such  point  sources  have  been  used  by  Ahuja  et  al  [  1, 2]  to  study  ray  paths  of 
sound  through  a  mixing  layer,  total  internal  reflection  of  sound  at  flow  discontinuities,  and  to  verify  Snell's  law 
and  shear  layer  corrections  applicable  to  anechoic  free-Jet  facilities. 

Confirmation  of  Theories  and  Computational  Acoustic  Codes 

Since  a  point  monopole  source  is  the  most  basic  source,  a  number  of  theories  and  computational  acoustics  code;; 
are  based  upon  the  formulation  by  using  point  sound  sources.  For  example,  the  diffraction  of  sound  around  a 
cylinder  or  an  airfoil  has  been  modeled  by  Khan  et  al  [7)  in  this  fashion.  Likewise,  any  roster  of  theoretical  sound 
generators  includes  a  multiplicity  of  point  nionopole  sound  sources,  for  example  see  Levine  [8-1 1).  Tlie.se 
theories  and  computational  codes  can  be  tested  by  employing  the  point  source  (or  a  suitable  combination  thercoO 
described  here. 

Beam  Forming 

By  a  suitable  spacing  of  a  number  of  point  monopolcs  and  proper  selection  of  their  phases  and  amplitudes,  it  is 
possible  to  obtain  a  highly  directive  sound  source  [  12]  or  to  obtain  a  given  radiation  pattern.  This  is  also  referred 
to  as  acoustic  beam  forming.  The  basis  of  this  capability  lies  in  the  so  called  Huygens'  principle  which  states  that 
any  wave  phenomenon  can  be  analyzed  by  the  addition  of  contnbutions  from  some  distribution  of  simple  point 
(monopole)  sources,  properly  selected  in  phase  and  amplitude  to  represent  the  physical  situation  .We  have  been 
successful  in  the  lalxiratoty  in  obtaining  a  well  defined  lobe  by  using  three  point  mcnopoles  separated  by  half  of 
the  wavelength,  each  having  equal  amplitude,  and  appropriate  phase  delays. 

Building  Higher-Order  Point  Sources 

As  already  shown,  we  were  able  to  build  a  re3.sonabIc  point  dipole  source.  Likewi.se  other  higher  order  point 
sources  (such  as  a  quadrupole)  can  be  built  and  used  to  test  out  theoretical  fonnulations. 

Energy  Conversion  From  I^w  Freouencies  to  High  Freouencies 

The  design  of  the  point  monopole  source  described  here  is  particularly  amenable  to  this  relatively  less  known 
phenomenon  of  convening  low  frequency  acoustic  energy  emitted  at  the  acoustic  driver  location  to  a  high 
frequency  energy  at  the  point  source  opening.  This  nappens  at  high  amplitude  sound  inputs  from  the  acoustic 
driver.  As  the  acoustic  waves  travel  down  the  inverted  conical  horn,  the  intensity  of  the  sound  is  increased 
because  of  a  reduction  in  the  duct  cross-.scctional  area.  Non-linear  propagation  takes  place  and  is  found  to  be 
responsible  for  converting  a  low  frequency  broadband  noise  to  rather  high  frequency  broadband  noise.  This  is 
particularly  useful  in  the  laboratory  testing  for  simulating  broadband  noise  all  the  way  to  a  frequency  of  50  KHz 
by  using  acoustic  drivers  that  may  be  rated  to  produce  flat  response  only  to  a  frequency  of  10  KHz.  This 
phenomenon  is  further  enhanced  by  appropriate  combination  of  the  inverse  conical  horn  convergence  angle  and 
the  length  of  the  straight  tube.  Details  for  this  phenomenon  are  documented  in  jl  3|. 
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Educational  Tools 

Building  a  point  monopole  source  is  quite  easy  and  can  be  used  as  a  very  powerful  educational  tool  in  academic 
institutions. 

SOME  APPLICATIONS  OF  THE  POINT  DIPOLE  SOURCE 

Almost  all  of  the  comments  given  above  for  the  point  monopole  source  apply  to  a  dipole  as  well.  We  have  applied 
our  dipole  source  to  excite  a  jet  by  more  directed  acoustic  beam  generated  by  this  dipole.  A  typical  test 
configuration  is  shown  in  Figure  19. 

CONCLLT)ING  COMMENTS 

To  the  author's  knowledge,  the  only  other  experiments  where  sound  generation  phenomena  for  both  monopoles 
and  dipoles  were  realized  in  the  laboratory  are  those  by  Lighthill  and  Ffowcs  Williams  [14],  but  these  simulations 
were  in  one  dimension  and  were  performed  in  a  tank  filled  with  water.  These  experiments  were  not  so  much 
realizations  of  the  sound-generauon  phenomena  as  simulations  of  them.  In  these  simulations,  the  sound  waves 
were  replaced  by  ripples  in  a  glass-bottomed  tank  filled  with  water  to  a  depth  of  5  mm.Thc  dipole  in  these 
experiments  were  simulated  by  arranging  two  plungers  above  the  surface  of  the  water  and  letting  them  move  up 
and  down  at  the  same  frequency,  and  with  the  same  amplitude  but  180°out  of  phase. 

We  believe  that  ours  is  the  first  detailed  calibration  of  a  point  sound  source  which  has  also  been  used  for  a  number 
of  advanced  applications.  V/e  also  believe  that  it  is  the  first  experimental  simulation  of  a  three  dimensional  dipole 
sound  source  in  the  laboratory.  At  the  time  these  experiments  were  done,  miniaturized  microphones  were  not 
available.  These  microphones,  particularly  those  based  on  fiber  optics  are  now  commercially  available.  It  is 
recommended  that  additional  experiments  be  conducted  with  the  dipole  sound  source  by  mounting  the  miniature 
microphones  at  the  source  openings  and  monitoring  their  amplitudes  and  phases  and  adjusting  them  accordingly. 
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Figure  12  Azimuthal  directivity  of  the  dipole  source  at  Figure  14  Azimuthal  directivity  of  the  dipole  source  at 
350Hz.  lOOOHz. 
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are  15  Polar  directivity  of  the  dipole  source  at  350Hz. 
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ABSTRACT 

The  acoustic  field  on  the  surface  of  a  radiating  structure  is  reconstructed  from  measurements  of 
pressure  made  on  a  limited  region  of  space.  The  measurement  surface  is  located  very  close  to  the 
structure  to  enable  the  reconstruction  of  evanescent-like  modes  that  decay  very  rapidly  away  from 
the  surface.  This  approach  is  different  from  conformal  holography  in  that  the  measurement  surface 
spans  only  a  small  region  of  space.  The  boundsu’y-element  method  is  applied  to  compute  an  operator 
that  relates  the  pressure  on  the  measurement  surface  to  the  normal  velocity  on  the  structure  surface. 
The  operator  is  inverted  by  applying  singular  vEilue  decomposition.  The  algorithm  is  developed  for  a 
structure  with  axial  symmetry  where  the  azimuthal  dependence  is  separated  to  reduce  computation 
time  The  result  is  the  reconstruction  of  the  acoustic  field  over  a  small  region  on  the  stiuctiire  surface 
located  under  the  measurement  surface 

INTRODUCTION 

The  boundary-element  method  may  be  applied  to  compute  the  acoustic  field  on  the  surface  of  a 
structure  from  measurements  of  pressure  made  on  a  surface  far  from  the  structure*’^.  In  this  case,  only 
limited  resolution  is  attainable.  Higher  resolution  may  be  attained  by  moving  the  measurement  surface 
close  to  the  structure  by  choosing,  for  example,  a  conformal  surface  to  enable  the  reconstruction  of 
evanescent-like  field  that  decays  very  rapidly  away  from  the  surface^’^.  In  this  case  the  acoustic  field 
everywhere  on  the  surface  of  the  structure  may  be  reconstructed  If  one  is  interested  in  computing 
the  acoustic  field  on  only  a  limited  region  on  the  structure  surface,  the  measurement  surface  need 
not  span  entirely  around  the  structure.  A  small  measurement  surface  near  the  surface  of  interest  is 
sufficient. 

Prom  experimental  measurements  of  pressure  over  a  small  axisymmetric  region  near  a  cylin¬ 
der,  the  surface  normal  velocity  is  reconstructed  with  high  resolution  over  a  small  region  under  the 
measurement  surface.  The  results  are  compared  to  the  surface  field  computed  from  a  conformal 
mesisurement  surface  spanning  the  entire  structure  surface 

THEORETICAL  FORMULATION 

The  Boundary-Element  Method 

Given  an  axisymmetric  structure  with  surface  dS,  with  the  coordinate  origin  placed  at  its  center 
and  the  z-axis  along  its  axis  of  symmetry,  with  a  time  harmonic  pres.siirc  field  outside  with  an  c 
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time  dependence  suppressed.  The  pressure  p,  on  its  surface  is  related  to  the  normal  velocity  v  by  an 
integral  equation 


..  Iff  i 


lf-P| 


where 


v(fO  - - n  •  Vp(f), 

tup 


(1) 


(2) 


k  =  iii/c  is  the  wavenumber,  c  is  the  speed  of  sound  in  the  fluid,  p  is  the  density  and  n  is  the  unit 
normal  pointing  away  from  the  surface..  Separating  the  (j>  dependence. 


(3) 


(4) 


the  relationship  between  surface  pressure  coefficients  pm|»  and  surface  normal  velocity  coefficients  v„ 
may  be  determined  from  Eq.  (1), 


Pm(r',«')i*  =  ^^^{Pm(r,«)^  nV[ 


;r  —  r' 

/•2ir  i 

-iijipVm{9)  /  - — — -  di^lrsinM, 

Jo  t  r  — r'  J  ■' 


(5) 


where  dL  is  the  meridian  of  the  surface  of  revolution  dS.. 

The  boundary-element  method’  is  next  applied  by  discretizing  the  curve  dL,.  It  is  divided  to 
N  segments  of  approximately  equal  length,  segment]  having  length  dl,  and  containing  point 
N  being  sufficiently  large  such  that  the  pressure  and  velocity  coefficients  may  be  approximated  to  be 
constrint  within  each  segment.  The  integral  equation  above  may  then  be  approximated  by  a  matrix 
equation. 


;=1  J=1 

where  matrices  A™  and  B™  are  defined  as 


Zir  ,gi*(r-r;|+im(^-^,) , 

”  -  rsinfld^cW  — 

Ir  -  r,|  J 


2if 


r  sin  9d(^dl 


and  column  vectors  P*"  and  V*"  contain  pressure  and  velocity  coefficients,; 

P.’"*=p4r.,<?.)l.. 

V.”*  = 

Matrix  Z™,  relating  P™  to  V", 


may  be  computed  from  Eq.  (6) 


pmi  _  ^m-^m 

Z”'  =  (A'")-*B" 


(6) 

(7) 

(8) 

(9) 

(10) 

(11) 

(12) 
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An  axisymmetric  measurement  surface  dS'  is  next  chosen,  having  meridian  dL'.  The  curve  dV 
is  discretized  by  dividing  it  into  N'  segments,  segment  i  having  length  dl[  and  containing  point  (r[,  0[) 
with  pressure  coefficient 

Pr=Pr.M)  (13) 

that  is  related  to  surface  normal  velocity  on  dS 


pm  ^ 


where  £*"  may  be  computed  from  an  integral  equation  similar  to  Eq.  (5) 


=  - \dSZt,-tu>p^  p - — — - \dS,  (15) 

where  dsk  is  the  surface  of  revolution  formed  by  rotating  dlt  around  the  z-axis.. 

The  Inverse  Problem 

From  Eq.  (14),  the  determination  of  the  surface  normal  velocity  from  measurements  of  pressure 
requires  the  inversion  of  matrix  E™.  Due  to  the  presence  of  evanescent-like  waves  that  decay  rapidly 
away  from  the  surface,  matrix  E™  will  be  ill-conditioned  even  if  the  measurement  surface  is  sufficiently 
large  to  surround  the  structure  surface  entirely.  The  conditioning  of  the  matrix  becomes  worse  as  the 
size  of  the  measurement  surface  decreases. 

We  next  define  diagonal  matrices  W  and  W'  to  contain  integration  weights  along  the  structure 
surface  and  measurement  surface  respectively, 


=  S,j  (2ir  J  r  sin  9dfj  * 
Wlj=6,j(27cj  r sin edijK 


and  apply  singular  value  decomposition®  to  matrix  W'E"’W  *,  given  by 

F'"'(W'E"'W-‘)G"’  =  S’", 


where  P'"  smd  O'"  are  unitary  matrices. 


=  1  (19) 

GmiG">  =  1  (20) 

and  S'"  is  a  real,  diagonal  matrix  containing  positive  singular  values  in  order  of  decreasing  magnitude, 

5’,7=5„cr„.,  (21) 


Functions  //"  defined  as 


^  ^mt+i  ^  0. 


will  form  an  orthonormal  set  of  functions  on  the  measurement  surface 


I  frffdS  =  6,vK 

JOS' 
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aiid  functions  gj"  defined  as 


gr(r„6.,<^)  =  lV-‘G:ie'”''^  (25) 

will  lorm  an  orthonormal  set  of  functions  on  the  structure  surface 

[  grgfdS  =  6w6,n,n'..  (26) 

Jas 

We  assume  above  that  the  discretization  of  the  structure  suif&ct  and  measurement  surface  is  suffi¬ 
ciently  fine  such  that  functions  //"  and  gj"  remain  approximately  constant  within  each  segment. 

The  measured  pressure  may  be  expanded  with  functions  //" 

M  N' 

p(r,e,0)Us'=  E  (27) 

m=  — M  1=1 

where  M  is  sufficiently  large  to  insure  convergence.  The  reconstructed  normal  velocity  may  be  ex¬ 
panded  with  function  gj" 

M  q 

v{rA<t>)=  E  (28) 

m=  — M  f=I 

where  the  coefficients  o["  and  6|"  are  related  by  the  singular  values 

4J"  =  -i-al".  (29) 

The  coefficients  aj"  may  be  computed  from  me2isurements  of  pressure, 

=  /  frpds  (30) 

Jas' 

and  the  velocity  coefficients  5}"  may  next  be  determined  from  Eq.  (29).  The  sum  in  Eq.  (28)  must 
be  truncated  to  keep  only  q  terms  in  the  expansion  to  remove  modes  with  negligible  radiation. 

Unlike  previous  algorithms'”^,  we  apply  singular  value  decomposition  to  matrix  W'E'"W”' 
rather  than  matrix  E*".  This  insures  that  the  orthonormed  functions  //"  and  g^'  have  the  normaliza¬ 
tion  in  Eqs.  (24)  and  (26)  and  are  independent  of  the  discretization  of  the  two  surfaces. 

IMPLEMENTATION 

The  algorithm  is  applied  to  the  radiation  problem  where  from  experimental  measurements  of 
pressure  near  the  structure  surface,  the  normal  velocity  is  reconstructed.  Fig.  1  .shows  the  structure 
and  the  location  of  the  driver  and  measurement  points  The  length  of  the  cylinder  is  33.88rm,  its 
radius  is  5.54cm.  It  is  excited  by  a  miniature  driver  located  at  a  distance  of  10.80cm  from  the  left 
end,  as  shown  in  the  figure 


Figure  1  -  -  Geometry  of  the  cylinder,  the  location  of  the  mea¬ 
surement  points  and  the  location  of  the  driver,  shown  by  ihe 
dot 
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The  measurement  surface  is  located  at  a  distance  of  1.59cm  from  the  shell.  It  contains  64  equally 
spaced  points  edong  the  length  of  the  structure  emd  64  equally  spaced  points  in  the  circumferential 
direction.  At  each  location,  pressure  time  histories  are  measured  and  Fourier  transformed  to  frequency 
space.  The  experiment  is  described  in  detail  in  Ref.  7.  The  description  will  not  be  repeated  here., 
First,  we  attempt  to  reconstruct  the  surface  field  from  only  the  first  16  leftmost  measurement 
points  along  the  length,  i.e.  the  measurement  surface  spans  one  fourth  of  the  surface  shown  in  fig.  1.- 
Although  the  algorithm  reconstructs  the  field  at  all  points  on  the  structure  surface,  we  would  expect 
the  reconstruction  to  be  valid  only  in  the  area  beneath  the  measurement  surface. 


Figure  2  -  -  Omj/pc  versus  index  1.  The  value  of  m  is  given  at  the 
left  end  of  each  curve. 


Fig.  2  shows  the  singular  values  at  a  frequency  of  2.23kHz  The  dimensionless  quantity  <T„t/pc 
is  plotted  as  a  function  of  index  1  for  0  <  m  <  16.  If  the  measurement  surface  had  been  located 
in  the  farfield,  there  would  be  a  sharp  drop  in  the  curves  separating  the  radiating  modes  from  the 
evanescent-like  modes.  Fig.  2  .shows  no  such  drop  because  the  evanescent-like  modes  are  present  in 
the  ncarfield. 

Figr.  3  and  4  show  the  functions  along  the  arclcngth  of  the  structure  at  the  same  frequency 
with  m  =  0  and  5  and  /  =  1, ..  ,5  The  real  and  the  imaginary  parts  of  g"  are  shown.  It  can  be 
seen  that  the  functions  are  non-zero  mainly  in  the  region  at  the  left  end  under  the  measurement 
surface  The  imaginary  parts  of  functions  gj"  decrease  with  increasing  index  /.  This  corresponds  to 
the  decreasing  singular  value  <Tmi  at  higher  values  of  /  sliown  in  fig.  2. 

Fig.  5(a)  shows  the  reconstructed  normal  velocity  field  from  the  leftmost  16  axial  measurement 
point- .  at  the  same  frequency  of  2.23kHz  Fig.  5(b)  shows  the  reconstructed  field  from  the  next  16 
measurement  points  and  5(c)  shows  the  reconstructed  field  from  points  33  through  48.  The  surface 
fiehl  reconstructed  from  the  entire  measurement  surface  is  shown  in  fig  5(d).  It  can  be  .seen  that  in 
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Figure  3  -  -  Real  and  Imaginary  parts  of  gP  as  a  function  of  arclength  for  m  =  0,  /  -  1. .  5 


Figure  4  -  ■  Rea!  and  Imaginary  pai  ts  of  9”  as  a  function  of  arclength  for  m  =  5,  /  =  1 ...  5 
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Figure  5  '  -  Reconstructed  vel*)city  contours  from  (n)  the  h'ftinost  IG  ;ixin!  inejisurenierit  points, 
(b)  measurement  points  17  through  32.  (r)  measurement  points  33  through  48  and  (<i)  the  entire 
measurement  surface.  The  horiifontal  axis  repicsenls  arclength.  the  vf.tieal  axis  represents  angle  6 
Solid  lines  indicate  positive  values,  daslied  lines  indicate  negative  values  Velocitj  is  nortiiali-'ed  by 
force  giving  contour  interval  of  2xl0“'s/l<g. 


each  Ccise  the  reconstruction  is  accomplished  beneath  the  measurement  surface  alone,  the  field  values 
approach  zero  in  the  region  far  from  the  measurement  surface. 

CONCLUSION 

We  have  shown  how  the  normal  velocity  on  the  surface  of  a  radiating,  finite  object  can  be 
reconstructed  from  samples  of  the  pressure  field  taken  over  a  limited  area  on  a  nearby  surface.  This 
method  uses  the  boundary  element  method  to  generate  a  numerical  Neumann  Green’s  function  from 
the  Helmholtz  integral  equation,  E!q.  5..  This  step  requires  the  use  of  the  shape  of  the  whole  radiator 
The  singular  value  decomposition  is  then  used  to  invert  the  direct  Neumann  radiation  problem,  Eq. 
14.  By  limiting  the  number  of  singular  values  used  in  the  reconstruction,  the  instability  caused  by 
the  ill  -  conditioned  inverse  problem  is  overcome. 

The  operation  of  this  method  has  been  demonstrated  with  the  case  of  a  finite  cylinder,  shown 
in  Fig.  1,  excited  by  a  point  driver  at  2.23  kHz.  The  reconstruction  shown  in  Fig  5(a)  is  generated 
by  data  taken  over  the  left  endcsp.  This  reconstruction  is  faithful  to  the  complete  reconstruction, 
shown  in  Fig.  5(d),  over  the  portion  surface  which  lies  under  the  measurement  surface.  Over  the 
reconstruction  surface  which  does  not  lie  under  the  measurement  area,  the  reconstruction  is  small. 
In  this  area  the  reconstruction  is  less  determined  by  the  data.  This  behavior  is  characteristic  of  the 
singular  value  decomposition. 

In  conclusion  this  technique  is  useful  for  reconstructing  the  normal  surface  velocity  on  the  surface 
of  a  known,  finite  radiator  from  data  taken  over  an  area  which  covers  only  the  area  of  interest  on  the 
object. 
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AISTRACT 

The  equation  Tor  the  eean  acoustic  field  has  been  obtained  for  randoe  turbulent  ae- 
dia  using  the  Breen's  function  approach.  The  correlation  function  li(X)s(U^U^>  was  desc¬ 
ribed  by  the  Karaan  distribution  with  the  index  n  =  2  s:  11/6.  Applying  the  lourret  's  ap- 
proxieaticn,  the  exact  expression  for  the  aass  operator  Z(q)  has  been  calculated  analy¬ 
tically.  The  frequency  dependence  of  the  scattering  coefficient  of  the  aean  field  has 
been  derived.  The  conditions  of  Cherenkov  radiation  are  analized. 

INTRODUCTION 

The  problcas  associated  aith  the  eaission  CI-3)  and  propagation  acoustic  Haves  in 
turbulent  aedia  E4,S]  occupy  a  key  position  in  acoustics.  It  is  sufficiently  to  refer, 
for  exaaple,  to  the  acoustic  radiation  detection  problea  (project  DUHAND)  lb).  In  this 
prograa  the  acoustic  eaission  arisen  by  a  particle  beaas  in  the  turbulent  stratua  of  the 
Ocean  is  registered.  In  this  conditions  the  generation  of  patches  of  turbulence  has  nar¬ 
ked  effect  on  diainishing  acoustic  propagation  underuater. 

The  theory  of  nave  propagation  and  eaission  in  randoa  aedia  has  received  contribu¬ 
tions  froa  various  branches  of  physics:  acoustics,  optics,  ataospheric  physics,  etc. 

One  can  point  out  that  a  variety  of  aathenatical  aethods  have  been  enployed  in  stu¬ 
dies  of  present  phenonena  in  randoa  aedia  C4,S1. 

The  analysis  of  propagation  through  turbulence  and  Have  eaission  in  inhoaogeneous 
aedia  is  better  perforned  in  a  aultiple  scattering  regiae.  In  the  present  Hork  ne  use  a 
Green's  function  aethod  that  peraits,  in  principle,  any  effects  of  aultiple  scattering 
to  be  take  into  account. 

The  purpose  of  the  present  paper  is  to  exaaine  the  acoustic  nave  excitation  in  in¬ 
hoaogeneous  (turbulent!  aedia  by  a  fast  aoving  objects,  and  to  derive  an  exact  expres¬ 
sion  for  the  Green's  function  in  the  fraaenork  of  turbulence  aodel  proposed. 

GOVERNING  EQUATIONS 

Let  us  urtte  doun  the  coaplete  set  of  hydrodynaaic  equations,  together  uith  the 
equation  of  state  of  the  liquid: 

dT  I  dp  dlnp  p  dlnp 

- =  -  —  Vp.  -  =  -  P  dtw  T.  - r  — r - -  q. 

dt  p  dt  dt  c  p  dt 

Hhere  ▼  is  the  velocity  of  the  liquid,  p  is  pressure,  p  is  density.  The  quantity  q  is 
the  poHer  density  of  theraal  sources  due  to  absorption  i-  the  liquid,  for  exaaple,  of 

clectr'.'aagnetic  radiation.  The  operator  is  the  aaterial  derivation  in  ttae.  Final- 
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ly,  c  >s  the  speed  oi  sound. 

He  Mill  essuae  that  the  acoustic  disturbances  caused  by  a  sources  (tor  exasple,  pi 
is  foraed  on  background  at  the  turbulent  aotion  in  aediua.  He  suppose  also  that  the  tre- 
quencies  ot  the  turbulent  velocity  pulsations  are  snail  in  coaparison  uith  the  characte¬ 
ristic  acoustic  trequencies.  He  assuae  as  uell  that  in  the  region  in  question  the  values 
ot  the  hydrodynaaic  (not  associated  nith  density  perturbations)  velocities  U  is  conside¬ 
rably  higher  then  the  acoustic  one  S,  i.e.  T  =  11  t  8,  uhcre  dlv  U  =  0. 

Atter  calculations,  the  basic  set  ot  equations  can  be  reduced  to  the  governing  equ¬ 
ation  tor  the  Fourier  coaponent  ot  the  pressure  variations  in  the  linear  approxiaation: 

2 

hp  *  k  p  -  — 5—  q  -  Lpt  ill 

C* 

Hhere  Jt  -  (J/c  denotes  the  nave  nuaber,  A  is  the  Laplace's  operator,  the  operator  L  is 
detined  by  the  relation: 

2 

tp  = - 

{(1) 


The  equation  (11  is  basic  tor  the  problea  under  consideration. 


HEAH  FIELD  ACCOHPAHIED  SOURCE 

Let  non  p  a  <p>  t  p' ,  ahere  denotes  the  operator  ot  a  statistical  average. 

Applying  this  operation  to  (1),  one  obtains  the  equation: 

2 

A<p>  +  h  <p>  ■  — j-  q  -  <Lp’  >  (2) 


and  the  equation  tor  the  fluctuating  coaponent  of  p’ : 

Ap'  +  t?p‘  =  -  t<p>  -  lip'  -  cip'  >1.  (3* 


In  the  lourret's  approxiaation  C7],  only  the  first  tern  -icp>  of  equation  (5)  is  taken, 
and  follONing  expression 


P' 


-  JdXj  t  <p(T^)> 


(4) 


IS  Introduced  in  (3). 

The  function  is  the  free  Breen's  function,  that  obeys  the  equation 

AG,  ♦  Jt\  =  0'^’  a-x,  J. 


Hhere  0  CX)  is  the  Dirac  delta  function. 

Inserting  the  expression  (41  into  eq.  (2>  the  equation  for  aean  field  <p>  accoapa- 
nied  source  can  be  obtained: 


of 

Aepp  ♦  A^epp  -  dX,  <iO,a-X,  pljX-pfX,  )>  *  —5-  0. 

J  c 


IS) 


complete  BREEN'S  FUNCTION 

Let  the  positions  of  the  source  and  the  receiver  be  fixed  by  the  vector  and  X 
respectively.  Tne  Breen’s  function  OCX.X^J  describes  the  acoustic  field  (pressure  pi  at 
the  point  X.  Thus,  in  the  present  paper  the  coaplete  Breen's  function  GfX.I^P  obeys  the 
folloHing  equation  (see  eq.  (Sll: 
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(A  +  k^jaa-x^j  *  Jar oa* -x^;} 


=  S‘^’fx-x^;. 

The  correlation  Tunction  oT  the  fluctuations  TfXj  is  defined  by  the  foraulae: 

If  the  inhoaogeneities  are  caused  by  turbulence,  the  correlation  betueen  nediua  ve¬ 
locity  inhoaogeneities  is  described  by  the  cipression: 

Via  Fourier  transforaation,  one  obtains  the  Syson's  equation 


p  -  ijP  ♦  Z(qj^a(q)  =  1. 


in  uhich  the  aass  operator  Z(q)  has  the  fora: 


ZfqJ  * - j-y 

(2K)e^ 


?  f  fp  qr  -  rp  q;^ 

_  \ap  - - - - bf  iq-pi ; - 

J  p*  -  X  -  to  rp  -  q; 


The  tera  -tO  deteraines  the  rule  of  pole  aovinp  in  the  free  Breen's  function. 

Introducing  a  spherical  coordinate  systea,  after  inteqratinq  over  the  anples,  for- 
aulae  (6>  takes  the  fora: 

=  W i *  7-1’ -.o' ) -JTT^- 

0  -1 

CHOICE  OF  THE  CONCRETE  HOIEl 

It  can  be  considered  exact  cxlculations  only  uith  the  concrete  fora  of  the  function 
bfp;. 

For  turbulent  randoa  aedia,  the  correlation  function  b(p)  is  described  then  by  the 
Kolaogorov-Obuchov  foraulae.  On  spectral  dccoaposition  of  the  fluctuation  correlation 

function,  one  obtains  t{p}  ^  p  ,  uhich  :s  valid  in  the  ranpe  £  *  <  p  C  I  ’  .  The  pa- 

raneter  I  is  the  ainiaua  inhonopeneity  site  (e.q.,  for  air  I  s:  10  ^-f-TO  ,  L  is  the  ty¬ 
pical  flou  diaension  iL  lOOmi.  2 

In  the  present  paper  ue  take  into  consideration  the  aodelinq  function  b(p>  *  k^Cpa 
2  ..  " 
*  p  J  ’ ■  uhich  is  not  far  fro*  Koloofor:/  s  oistribution  in  the  rease  p  »  '  L  .  One 

can  sec  that  uith  the  exception  of  the  pole  of  second  order  at  the  points  Z{p^,  b(p)  is 

an  analytical  function  for  ail  coaplex  values  p. 

Thus,  the  aass  operator  Z(q)  is  Btven  by  the  feilaninq  expression 


bq  r  p 

'  777  J TTTT 


2pqt  )*  fp*  ♦  q*  -  2pqt ) 


llli 


In  the  fin,  one  can  Mritc  the  folloMing  equation,  which  detereinet  the  pole*  of  the 
function  . 


+  ZCqJ  -  0. 


In  zero  order  ipproxieetion  we  have  q  =  Jt.  The  first  order  approxieation  is  given  by  the 

conditioni  Z(q)  »  Z(k).  Using  the  expansion  (1  4-  (Xf  s:  1  +  ntX,  one  obtains  the  expressi¬ 
on  for  the  effective  uave  nuaber  of  the  aean  acoustic  field: 


Rb  Z(it) 

*eff  -  *  +  -  *  * 

2It 


In  Z(Jt) 
2k 


In  this  case,  the  scattering  coefficient  representing  attenuation  of  the  intensity  of 
the  aean  acoustic  field  is  given  by  the  foraulae: 

1 

0  =  2  In  k.,  = - In  Z(k). 

ji 


PARTICULAR  CASE)  CONDITION  OF  CHERENKOV  RADIATION 


Let  us  consider  a  source  uniforely  eoving  in  the  turbulent  aediue  with  velocity/  a 
cJf  (Jf  IS  Nach  nuaber)  along  Z  axis.  Cherenkov  radiation  aay  arise  if 


-  <Jj  +  z[/qp7^  j  »  0  and  q^  =  k/M. 


Here  we  analyze  .he  case  when  0,  Then  exp.  18)  can  be  sieplified: 

Z(q)  a - ^  +  qM  , 


(9) 
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Existence  of  propagating  waves  is  detcrained  by  the  following  condition  Rb  q^  2  la  q_^. 

Hence,  asking  use  exps. (9) , (10) ,  critical  Hach  nuaber  froa  which  Cherenkov  radiation 
channel  is  open  can  be  written  as 

bJk 

32%pIc^  ■ 

If  the  turbulence  level  £  is  equal  to  Y  3/4  then  —*  oo.  it  aeans  that  Cherenkov  ra¬ 
diation  channel  is  closed  at  sufficiently  high  E  for  all  Hach  nuebers  (fig. 2). 


jf!_  = 


or 


23/2g 


PHYSICAL  INTERPRETATION  OF  THE  APPROXIHATION 

The  consideration  used  for  studying  a-  acoustic  wave  propagation  in  turbulent  aedia 
by  aeans  Green's  function  aethod  can  be  given  a  siaple  interprc..tion  using  Feynaan’s 
diagraas.  It  can  be  shown  IS, 71  that  if  the  lourret's  approxiaation  is  used,  an  infinite 
subsequence  of  the  perturbation  theory  series  is  suaaed  up.  Analytically  this  corres¬ 
ponds  to  condition  for  fine  grained  randoe  aedia  only.; 

CONCLUSIONS 

The  consideration  presented  using  a  Green's  function  aethod  pereits  the  attenuation 
of  the  aean  acoustic  field  to  be  calculated.  Eaploying  the  Karaan  foraulae  for  turbulen¬ 
ce,  the  scattering  produced  by  the  turbulence  has  been  calculated  in  the  lourret's  ap- 
proxieation.  In  the  Iiait  jt  »  p^,  the  analysts  gives  a  staple  expression  for  the  0.  The 

conditions  when  Cherenkov  radiation  exists  are  found.. 
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Thf  inttgral  can  ba  calculattd  by  tha  aathod  of  contour  intagratton.  Intagrating 
)iraliainary  ovar  variabla  t  ona  obtains 

z{q)  =  — iVt-  1 - - - + - - - f®,  fpJ  +  ®,  +  nrpjl . 

J  Ip-A-iO  p  +  i+ioj*-!  2  J 


fi4pjn?(i^q 


“  -  {■"(■"  P  *  "‘['tit) 

Polynoat  Ilfp^,  Iljfpj,  IL^Cp)  have  tha  foUoMing  exprastionsi 

IlfpJ  ir  2p2pq^5p2p2  +  3pqp2  ^  ^  3^^  +  p’  +  Zp^q  +  2p2q2  +  zpq^  +  . 


n/pj  =  [pj  ♦  P^  +  q^)  • 

[fp^  -  q^J^pQ  +  5fP^  +  )pI  +  3pp  -  p*  +  pS^  +  p^q^  -q*] , 

IljfpJ  =  fp'  -  q'j^ 

Contour  C  consists  of  tha  real  axis  f-oOa'fooJ  and  arc  of  infinite  radius  (Fig.l).  The 
function  is  analytical  ona  for  all  coaplex  p  except  two  cuts  along  lines  7|  * 

^t"/  q^  +  Pq  •  q  +  iPjij  and  »  flq.  q  ♦  tO^.  On  the  other  hand,  the  function  i>^(p}  is 

analytical  ona  except  teo  cuts  along  lines  73  “  f<<?»  q  +  ^0)  and  7^  “  Jt"/"  q^  +  pj  ,  d  + 
iP(jj*  The  poles  TJ^  at  the  point  h  *  iO  and  at  the  point  -  It  -  iO  are  originated  by 

free  Breen's  function.  Since  the  singularities  of  terns  in  integral  (8)  lie  xithin  dif¬ 
ferent  sides  froa  real  axis  it  is  possible  to  deforn  the  contour  C  into  infinite  radius 
circle  Cq  and  circles  around  poles  T|^  and 

Thus,  after  calculations,  one  can  obtain  that 


Z(q)  = 


dSppTOij^ 


d  7  d  7  '4  ''7 

“5J&  4  3Jj  Q  4  ^  pQ  4  t 


+  3k^q*  +  9p*  +  2rpjq^  +  TSj^q’  +  3q‘]  + 

lb  f  r  ft  -  q  +  tp  -j  f  *  -  ‘J  L  1 

+ - J — 5 —  <ln| - In,  fft;  +  In - jlLfftn  + 

SZplmtq  I  I  ft  +  q  +  iPg  J  *  I  ft  +  q  J  ^  J 

+  - T-r-  +  SftqV  +  3ftp’  +  ft®  +  2ft®  q^  +  ftq’l , 

^6plfa^  '■  0  °  °  J 

The  consideration  presented,  using  a  Breen's  function  aethod,  are  of  interest  as 
far  as  the  expression  obtained  for  Z(p}  is  exact. 

Critical  to  be  calculation  is  the  choice  of  the  correlation  function  aodel  for  the 
turbulence. 
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Ttg. 1. 


Integrating  contours 
plane. 


Fig. 2.  Conditions  of  Cherenkov  radiation  existence.  Line  1  corresponds  to  E  — f  U,  curves 
2,3  describe  (Rb  and  these  4,5  describe  for  E  =  0.1  and  E  =  3/ a' 

respectively. 
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T  E'.'vwT'a  UM v-^t-CWATLl'.  TAr-'CET-v  *ii;,ANE  OF 

RECOUAKvEC  I!:  T.-iEIK  EOIICE^ 


N<.TVui  ,(  i\  1 4.  / 

nuLt'drcli  D(,ipar  Ut.iei'i  L ,  Wlu -u  tAtk  l.dU. 
4j  *  1  Vi-j  I  0 pfc  A 11  /  MD  201,-4  0 0 I '  U  -  • '  4  A 


iLti,^  C .  -TIkii.  wXo 

Nv4  V v>lJC4  i  Eclcliit  EdS-ti'dl  C,i4 

E.,  t-d b  1  i hwc  n f.  l  FOA  2  ) 

2  i"22t,-,  CuniiDybtriy,  CwtOeu 


AE/JT,^  A  2  r 

Wt;  0t;a4  W-tb  l4it,  ir.Vtwo-  --v  a  1 1  cl  1 ^.-l  v,4b*c4ii  cE  t;  *4ti,Jct4ir4':(  t-lij'&iCdk 

44tl<Jl4lldl  lull  4  1  4  4  4  4,  1  ,  ,,4lvl^t-'4  .V  1  ,'.4-  /  '4,  4  4  2,  4.14/1)1  blit-  t,‘  C  4  1  4  4  4.,  ^  1  C  b  U  1  fi  t'  li 

i.'i  .411  a4i42<iij;w.5bi,:r  "ileidbi;  taijei  iriiiiuiinc  b>  o  t-Ji.cO  .active  cciidi'.;  Tin. 
bdiyi't  iUtiiciIica:  lun  ic  bo  be  accom?lis>lieU  in  tin:  inteiiiiedlabe  (or  reao 
n.uico)  oyectiiil  reyion  of  tin.  buOy.;  I.i  this,  regi-i.,  low  or  liign  frequency 
ai/tiroxiinobioiij  do  not  ..old,  .'ind  e.Lhtr  exact  colutnuic  wr  iit«  ot/pr oxi mo  ■ 
bloiis  are  required.  We  have  .aciiieved  .eomc  s.'jf(.eci:,  by  CAi/loiting  the  pre 
oeiice  .j£  .erbain  lusonance  leatureu  tnat  marufOct  theiiioelves  in  the  reoo 
iianco  01  iidiidle  le.j.on  of  t.ic  oacKcioattcr  ir.s,  ctc/Os.  section  l  i  •.  o  .  ,  BCCC  1  of 
..ul/incrijod  eiaolic  uaiqetc..  The  extractioii  of  r t!.,ofia.iou'  tt4st;jte.;  -'ron.  echoes 
4i.ac  been  exteiis.vei^  d  oC  utiio  n  t  ed  ii.e.,  See  refer  onoeo  7  an.!  .Oi.  Tne  lua  i  it 
iiitcsvot  over  tile  ye4:4rs  n.io  neen  (lie  i.voiotso..  04.0  extraetion  of  the  reso 
n.4nce  features,  theoretically,  expet  iinentudy  .,iiG  „ompubat  ion4j  1 1> ,  by  means 
ol  eitt'ol  v-.rf.4  .;e  pii-ed  inter.,  oqatinq  waveforms.  In  the  prr.cenb  work  we 
will  shv/W  e/.dlitpie,c  of  hoW  bhCce  ee.4crnl44C4.0  Call  be  .Jseti  to  ehatac te ..  1  ue  th.i 
Se.itteier  by  ident  i  f  y  it.-g  ibo  phydi  al  ;;ho£acler  iot  1 1  c  .  It.  .ilso  serves  to 
oxp.joo  this  community  bo  the  niobno.d,  .s.id  bo  give  a  more  detailed  list  of 
pertinent  and  update.,.  ..eferencts  to  proopo_t) ve  users.  This  is  a  .jonetic 
method,  and  tliu.i,  it  applie-  to  .s.iy  act4,ve  return  from  any  sensor.. 


INTRODUCTION 


The  sCabteri.'.g  c/i  o.iunJ  w.jves  br  elastic,  fluid  riiie-i  shells  in  water 
was  fleet  studied  by  Goodman  ^nd  Ctern  ill  tsilow.vd  by  liickling  and  i.is  co 
worker,.  12,11.  Oince  then,  nuiinious  works  have  addressed  the  many  aspects 
of  tin.  general  ii.teracti4jn  of  in  , -lent  .-..ouiid  waves  with  submerged  struc 
bares  14  341.  Parallel  efforts  have  studied  analogous  problems  dealing  with 
electromagnetic,  waves  interacting  with  e-jiiductlng  and  dielectric  bodies 
1  if/,  3C,  41, 42, 44, 4s  )  4,  Most  of  tliis  bod^  of  work  lias  addressed  the  direct 
scatter  iiig  problem,  in  which  the  goal  is  to  predict  the  acoustic  or  elec- 
tromagnetic  fields  scattered  by  tlie  structure,  once  the  incident  wave  and 
the  structure'  itself  have  been  both  specified.  There  has  been  an  immense 
volume  of  work  along  this  lino.  There  are  low  and  higli  frequency  apptoxl 
m.ations  that  can  bo  u^-ed  at  Loth  ends  of  tlie  spectrum  that  introduce  subs 
tantial  siiiiplif  icat  inns  in  the  .uialywis.  d.4iiii;  of  Lht  se  s  impl  i  f  i<at  i  ot.s 
nave  toe:,  taken  .advaiitaye  of  in  some  of  tlie  above  works  li’.e.,131,  but  in 
the  middle  or  intermediate  or  resonance  region  of  tiie  DGCG  of  any  target, 

■:  '2  simplifications  no  longer  liold,  and  either  novel  approximations  or 
e.'.act  solutions  must  be  used.  In  tiieso  resonance  scattering  oituationc.  we 
..>ive  est.-,bl  Ished  that  witiiin  eacti  echo  there  is  always  a  smooth,  mostly 
geometry  d>-pendent  background  that  interacts  with  a  superimposed,  discrete, 
"Pt  i.  p.-y,  mostly  compv/S it ion -dependent,  resonance  features.  The  reso- 
ini.  .  4  T  iny  ...i  n-  '.tabic  scatterer  seems  to  o'xlend  above  the  Rayleigh 
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r^jiun  Witii  iio,  aijp  J  i;  eiil,  Lu^iiU .  All  Llie  .jlove  lijvx  !.,(.t:ii 

hi  n  -t  1  y  d  1  Cj  jL  ixiti  ity  cjl'  h^ino  Liiicu*  vi.c./  llciLy  iuuluiliiy^tzid^ 

c>Iindrical,  aphei-’v ivlal ,  eti..-.,.:;,  and  £oi:  varioua  fluid  o..  ^uliJ  taiGtl 
compouiL  ianb,  in  (.a^t-i;  in  ‘..'lil.  li  fhe  ..i.aLt,fi;i-£a  att  <  ..il'vdded  in  t-itli'i  fluid 
,(i;.i.-.,  /,'lihjuid)'  uL  aolid'  (i.u.,  elautid  /  i.^t  un  t  i  l  j ,  buiinO  It-- , 

iiu-t  media.  Lunyitudiual  and  ‘-tun-vtr-c  <  ..iJ.  a..- ide..- iiavi,  li-u  ui:i_.i 
t- oil— iur  i  ou ;  au  wti,l  a—  -<101-—  in  Wii--ii  flm  taLijt--,  a-t  liioiat  bi-uiii-od  iioot 
fluid  iiicJla.  Ti.'-iij  ari.  oovtrai  liu.'iditd  oi  -  .i>  -  O  1  3  — e  -  ,  -till.  f  .  1  -  11a  .  O  a  -  I 

otti.  oaLaluyued  and  updated  in  ituunL  -tvitvv.  1  4, 0,  1 ,  1  .,  Thtit  i-  -till 

coniilaUiiaijlt  int-ii.t  1.11  tna  diiuct  — Ca-f.  ijn-t  p-i‘.,‘l'i.ti  pi.L-  ala'.  1^  i  — 
oa-u—  ^n  whiuh  Llit  — uattui...y  —  trai.iui.r.  a—  n-t  -n.^  ..t.l  —  upi-abiu'/  -ut 

qume  coiapl  ica*  ea  (<iLh  internal  tib-,  i^ad-,  and,.,  nr  atiaLmd  .iiai-c-,  an  1 
having,  in  qenttai,  weird  aaii  caiionii.al  aliape  .  T.,.-  j-ti'n-ipal  d.ifiualllt- 

iii  theue  uaues  are  iiiai.ily  n£  t  .le  c -iiuputai  lonal  —‘in  e  aiiiy  nunieri— a. 

uolutionu  are  paaiibiu  £0-  Llieiu.  At  pre-e.it,  L.'it  -Cientific  intercut,  aecniu 
to  nave  -iiifted  to  tne  inuci.  Iiaider  iiivci-o  ..uattriing  pivtiiem,  in  wnicn  t  n. 

. uattei inq  -tructure  ia  unknown,  and  one  trie-  to  predict  .t-  physical 
character  iutic-  from  ttia  known  ealiocs  it  rotuin-  when  it  is  ;n-oni£iud  with 
known  waveioriu-.  Even  lor  very  s,:.ipie  -ii.jped  abjuutu,  havinq  veiy  siiupie 
internal  structure,  th.u  iia-  tu-i.ed  o-.t  to  bt  quite  a  ti..r.'iiidablo  problem, 
ofber.  lacking  unique  solutions,  doint  advan-us  liave  been  reported  ii.e., 
14,10,40,41  43, 4t.,  40,  40, -0  1  using  noLi.  c.,w.  ilO;-  und  pulled  ill!  iUCidtiil 
waverorms.  The  concept-  o£  irnpuloc  sonar  Ilri  a. id  impulse  radar  (41)  have 
emerged  as  strong  candidate.!  to  aetiieve'  luariy  targe*  ID  goal-.  The  required 
-liot’-  pulses  must  be  veri  energetic  and,  tlierefore,  some  adv.auce.t  11.  the 
development  o£  sources  are  requited.  The  "identif  ii.ation"  lia-  to  bo  ba-ed 
oil  a  clearly  unde-stood  method  in  order  to  be  implemented  citlier  manually 
or  automatically.  In  the  following  pages,  we  will  u.ie  an  oitample  troin  under 
water  acou—tre—  in  w'lich  the  phy,re.ir  characteri-itrt—  of  a  tuple  structure 
are  all  reunotely  identified,  "in  situ",  irom  tn<-  eAUiinnation  of  tin.  eohoes 
it  return-.,  Tlio  structure  could  be  insonified  by  eitiiei  a  c.w.  waveforiu 
(i-.e.,  the  steady  -bate  case;,  or  by  a  long  or  siicrt  -onar  pul,*.e  li'.e.,  tlie 
tran.siciit  case)..  We  studi  the  limitations  .<£  tiiesc  alteri.at  1  ve-  and  repeat 
tliat  the  example  given  is  merely  an  iliu.'.tratioi.  .  £  a  powerful  metliodology 
tiiat  applie-  to  Considerably  more  general  .;a,es,  in  r.ie  areas  of  both  sona: 
and  radar.  We  first  review  the  theory  for  the  chosen  problem,  and  then  give 
its  Solution  in  botli  tlie  steady- state  and  transient  oases.  We  conclude  by 
examining  tlie  resonances  in  the  return,  in  order  to.  e-At  tact  from  tliem  the, 
pliy-ical  parameters  of  the  scatterer  that  identify  it.: 

THEORETICAL  BACKGROUND 

A  tliin,  elastic,  bpherroal  shell  of  outer  (inner)  radius  .1  (or  b)  is 
air  filled  and  submerged  rn  water-.  It  is  then  insonified  at  it-  Soutli  pole 
(defined  by  the  spherical  coordinate  0  - Tf )  by  a  plaric  sound  wave  emerging 
from  a  di..tai.t  r-urce.  It-  normalised  BCC3  is  given  by  19,10) 

2  2 

^2  =  =  I X  X  (2n+l)  ,  i!  i ) 

where  t*(Tr,x)  is  the  form  function  in-  the  backseat'.  i..g  ...-ectisn  ©-Tt.  We 
define  x-k^a,  wliere  k^^cO/Cj  is  the  wavenumber:..  The  circular  frequency  is 
O  and  c^  is  the  sound  opeed  in  the  outer  medium  (l.e.,  *1,  the  water)-.  Tlie 

shell  is  medium  »  2,  and  the  inner  fluid  (i.e.,  the  air)  is  medium  »  3.,  Gee 

Fig.  1.  For  each  value  of  n,  the  "normal  mode"  coefficients  A^lx)  are  all 
determined  from  the  six  boundary  conditions  .available  at  the  two  interfaces 
r=a,b,  as  ratios  of  two  Gx6  determinants  in  the  form 

Ai*  di2  di3  <fi4  rfi5  0  dll  di2  di3  dn  dis  0 

A2*  d22  d23  d24  d2s  0  ^21  <^22  ^23  ^24  ^25  0 

j  f.\  -  0  d32  d33  d34  d35  0  ,  0  1/32  ^33  ^34  <<35  0 

“W  -  0  d42  <{43  d44  dts  d46  '  0  |1!42  <{43  d|4  dlS  d4fi  ’  (  ‘ ) 

0  ds2  dt3  dit  dis  dst  0  ds3  ^33  ds4  du  d56 

0  ds2  dsa  d54  dts  0  0  d62  ds3  d64  dss  0 


wliere  the  30  non  sero  elements  djj  and  aJ,a5  have  all  been  listed  elsewhere 
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1 10,141.  All  the  elements  o£  the 'determinants  depend  directly  or  Indirectly 
on  X.-  The  partial  waves  f,v(Tr,x)  for  n=  0,1,2,....  defined  above  in  Eq.  (1), 
are  the  "normal-modes"  that  make  up  the  form- function  f«e(n’,x)  .  The  above 
formulation  is  exact,  since  the  shell  motions  are  described  by  the  (exact) 
three-dimensional  equations  of  dynamic  elasticity  [211,  rather  than  by  any 
approximate  "shell  theory".  The  above  solution  was  programmed  for  numerical 
evaluation  in  quite  broad  frequency  bands.  The  backscattered  pressure  as  a 
function  of  time  is  (231, 

which  completes  the  steady  state  solution  for  c.w.  Incidences.  To  genera¬ 
lise  to  the  case  of  a  transient  (i.e.,  pulsed)  incidence,  we  introduce  the 
additional  canonical  variable  'tr=c^t/a.  If  g(t)  is  the  incident  pulse  and 
G{a)  is  its  spectrum  (i.e.,  its  Fourier  transform),  then  the  scattered 
pressure  pulse  can  be  fventually  expressed  .as,  [ 2C,  28, 32, 42  1 


scattered 


J 


Hence,  in  the  non  di 
, (proportional  to)  the 
function  given  in  Eq 
palsu,  g(t().  Equation 
corresponding  result 
the  incident  pulse  is 
G(x)--1,  and  the  (unit 


mensional  time  c^maiu  t:  ,  the  backscattered  pulse  is 
inverse  Fourier  transform  of  the  (steady-state)  form 
.(1),  weighted  by  the  spectrum  G(x)  of  the  incident 
(4)  resembles  a  filter  type  of  Integral  [511.  The 
iti  radar  lias  been  known  since  the  sixties  [241.  If 
a  (Dirac)  delta  function  (i.e.,  if  g  (tr)  =  5  ( t?  ) ) ,  then 
1  impulse  response  of  the  scatterer  is  then  defined  by 


a.i  the  inverse  Fourier  tr-ansform  of  the  form  function  in  the  (retarded) 
variable  C  r/a..  Equation  (4)  can  .il.  .  i-.  -.vpressed  in  convolution  form  as 


■r- 


«hich  that  the  tiiut,  ^tiuctuz.c»i  to  any  pulso;  yCZ?)  is 

t  iu  c'v>tivolut  i (jii  uf  Linr  impulse'  response  of  Lh(r  jlructure  h(fc),  and  that 
puloe.  Ill  the  frequency  domain  x,  the  normal  mode  expression  for  the 
,irnodulus  of  the)  bcickscatt^rt  v?  o5'essu*e  spectrum  Is: 


|p^(V)'-|>=|c(*)4(V)|.  (7) 

Wfiicli  is  tlie  quantity  which  v>a>  inverted  in  i,ij.(4).  These  linear  systems 
concepts  which  are  here  applied  to  scattering  problems  were  first  given  in 
the  sixties  (24),  and  only  hold  within  certain  limitations.  The  above 
completes  all  the  required  theory  for  the  steady- state  and  transient  cases. 


NUMERICAL  RECb'LTO 
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Let  the  shell  be  made  of  steel  of  parameters : p, ■  7.8  g/cm,  c^^-  S.88 
and  Cgj^=3.14  kin/s,  and  let  it  have  relative  thickness:  h/a  =  2.5%.  The 
.'lul  water  )ias:Pj-l  g/cm*,  arid  •  1 . 5  km/s,  while  the  internal  air  has: 
.OOi.2  g/cm»  and  cj  =0.34  km/s.  The  magnitude  of  the  form  function  of 
structure,  as  computed  by  Eqs (1)  and  (2),  is  given  in  Fig.-  2  (top), 
r.  the  frequency  band;  0<x^5C.,  This  spectrum  has  numerous  peaks  and 
broad  "bumps"  and  narrow  "spikes"  which  have  all  been  analyzed  before 
,,7cl  ii.  .,ci  .«s  of  papers.  They  are  all  caused  by  the  various  types 
mb  -waves,  -walet  borne,  curvature,  and  creeping  waves  circuinnaigating 
iSeil  citliei  ,n  t)if  water,  or  In  tlie  shell's  thfetal.  The  broad  "bump" 
red  at  X  =  4L  is  due  to  the  "coinciJer.ee"  effect  [15),  and  the  large 
tilde  ..p,!.e  near  x=-2  is  caused  b>  .J  peculiar  curvature  wave  induced 
.  The  uiiil  iiiipuloi  response  of  the  shell,  as  computed  by  Eq.  (5),  is 
ill  Fig.  (2)  (bottom).  Tills  complete.,  the  steady-state  analysis.- 


We  proceed  to  Investigate  the  conventional  use  of  long  pulses  to 
interrogate  targets.  Consider  a  c.w. -pulse  (i.e.,  a  sinusoidal  wave-train 
of  finite  length)  of  the  form:  gCfr)  =  sinx.ir,  defined  in  the  time  interval: 

where  is  the  carrier  frequency.  If  Xo  =19.92  units  and  N=100 
cycles,  then  this  pulse  has  duration: 2'ttN/Xo  "^Sl . 5.  The  modulus  of  the 
complex-valued  spectrum  of  this  pulse,  )G(x)i,  is  displayed  in  Fig.  3  (top),. 
Since  this  pulse  is  so  long  (i.e.,  100  cycles),  its  spectrum  is  very  narrow 
and  resembles  a  spi)te  at  x  =  Xq  -  19.92.  This  carrier  frequency  was  chosen 
because  it  corresponds  to  one  of  the  target  resonances,  as  we  see  in  Fig.  2 
(top).-  This  "dip"  in  the  form-function  corresponds  to  the  n  =  5  resonance 

caused  by  the  s^  Lamb  wave  in  the  shell.;  This  is  the  "generalized"  zeroeth 
order  symmetric  Lamb  wave  in  the  shell,  accounting  for  its  curvature  and 
fluid  loaded  condition  on  botfi  surfaces.  The  bacl^scattered  pressure  pulse 
returned  by  tlie  shell  is  computed  from  Eq.  (4),  and  is  displayed  in  Fig.  4 
in  the  time  domain.  This  response  shows  its  characteristic  double  transient 
boliavior  !  22,  301,  which  resembies  tlie  impulse  tespoi..se  of  a  "notch"  filter 
[511,  and  displays  the  double  expotiential  decay  after  each  transient  that 
we  have  encountered  before  in  many  investigations  (30,31,25;.,  The  two 
transient  pealis  in  the  return  oliown  in  Fig. 4  are  here  separated  by  31.5 
unlts,  which  is  the  incident  pulse  duration.  The  "ringing"  of  the  excited 
resonance  at  x©  /  occurs  after  the  second  transient  in  the  "free  vibration" 
region  of  the  response.  The  spectrum  of  the  backscattered  pulse  in  Fig.;  3 
is  obtained  from  Eq.(7),  and  it  is  ;ihown  in  Fig.  3  (bottom).  This  i-pectium 
exhibits  some  low  amplitude  contributions  caused  by  the  multipole  nature  of 
the  low  frequency  resonance  spil<e  at  x'=2  (13).-  This  concludes  the  transient 
analysis  for  long  pulses. 

Consider  a  short,  amplitude  modulated  pulse:  g(t)  '•  sinXotsinxjfe',  with 
carrier  frequency  :<©  envelope  frequency  Xj  -7,  and  N  -2.5  cycles.  This 

pulse  has  duration  ^  uKt.'/Xo  ~  0 . 45,  as  can  be  seen  in  F.g.  5  (top)..  Its 

spectium  |G(.-.)1  is  quite  broad  as  car.  be  noted  in  Tig.  C  itop)..  Its  spectral 

width  ssuero  the  interval:;  0.4x$.<^1.5a  ,  whici.  represents  a  53v  relative 
bandwidth,  dincc  tills  e.xceelc  103.,  tliis  is  an  ultra  wideband  (UWB)  system.; 
Conventional  .-.on  it  iiu:.  bafidwidth  of  order  23,,  oi  iosS.,  This  is  an  "impulse 
sonar"  (41,32).  Tne  sacsoCottered  pulse  is  oomputed  frem  Eq.;  (4),  and  the 
looulL  is  s.'iown  111  5  (bottom.-.;  The  spectrum  of  the  bac.kscuttored  pulse 

IS  fouiid  from  Eq.;;7,;,  and  it  is  .si. own  in.  Fig.O  (bottom)..  We  t.ote  that  the 

response  to  .i  .viioti  pulse  consisl —  of  a  series  of  wavo  packets  (sf.,  Flj.S 
( botto.i.,, ) ,,  Ma.iy  ti.c  i ir.anct  features  of  tl.c  form  funclion  in  Fig.  2 

(top)  are  pri,.e.il;  in  Fig,  C  (l.ottoiiu  within  tin:  oand .-  15  ^  <  20,  wnicli-  i., 

the  taiidwidth-  of  the  incident  pulse  (or.,  Fi.,.  C  itop)),.  Tile  wave  packet., 
seen  in  Fig.  5  (bottom;,  appear  to  .i-.irii  ie  i  Inr-uLe.i  becau.j,.  the  carrier 
ftequ.^ncy  x©  .itu.sen  as  o:.c  c£  tli"  ol.e’.  J's  "gener u  1  i zed"  a©  Lamb 

re,orianoc*s  ,( i  ,  Fig. 2,  (top)).-  Tlierc-;:. ir.son, tying  the  structure  with  .a 
„iicrt  pulse  aitivateS  many  t-.get  resonances  that  oan  be  recovered  in  tl.t. 
spectrum  r-f  tlie  backr.cattc-r f*d  piilsc,  and  then  used  foe  target,  ID.  An  expe 
rlnieiitai  technique  was  developed  to  Implement  thl,  metliod  (originally  for 
tne  c.w.  incidence.^  and  ti.c  long  pul..K,)  that  lia;.  been  rtpeotedly  descrised 
el-uwhcit  (  22,  20,31,  41  1.,  Many  ol  these  exptr  ,mfc:.t.,  were  carried  out  at  the 
N.O.W.C.,  in  till,  i.iid  eighties.  It.,  e;-.’ .,n  to  sh,rt  pul,c  iii:.,dc  iices  is 
i;.o  availu'..!-.  (10.,,  Till  .  c..i.ci.;-ii  .  tli-  portion  of  ti.e  trat.sic'nt  analysis 
ol  tne  inc.deiL  ..no:  t  pui-c-s  that  is  po.s.,.ibli-  to  (nc’.udi  iie.  e.- 


IlE.’vTIFIOATIo:! 


O.ice  .1.,  i.rc.id  .1  poitio.i  .i  III.,  torm  lunctioii  a,  possible  i.a  j  been 
extraoted  from  tiie  backscstleiec  pleasure  pulse,  a,  ,ni.wi.  above,  one  ca..- 
us-'  th-  ;.,on.i.i.-c  i.'.-ilure,,  .n  it  to  Ut  t  ermine  specific  target  characteris 
tiwS.  For  c,.ampife,  ti.e  low  frcgooncy,  large  aiitpl  ituue,  ,c»onat»‘.e  feature 
pro. .lid  .it  A  2,  i.xto  the  ta.get  „ise.  .itiioe  ,  it  the  incident  frequency  is 
kliiWr.  to  be,  ,ay,  f-  1  ('.((,,  ti.e..-  V  2  fixe,  ti.e  outer  siiei,  dl  iri.etel 


J  I'l.  rile  "-'/.lio  loi' 

.iiie  11  till  ne.,,  . 
u  .V  l.a  A 1  y  ,  u  t ,  c  1 1  ‘  .1 
queiioy  and  C  a 
C  0.9.  d iiiCi-  .<5 
yield,:  i.,a  2.5t, 


lie-,  bump"  ee:;ti;red 
Ti.e  "coincide...-  • 
..'henevt  r  C".:©(ii/.a)  ^ 


!5  (.vae  Fig.r 


■«  C.'  1 1  ^  I  t 


( topi  )  .f  1  xe; 

A  c 


1,  wnere  Xq  is 


the 


m.iteiial  dope.ide.it,  ,,arainetet  tS'.at  for  s 
is  seen  to  Lc  45  iii  l-'ig.r  (top),  then  t 
whicli  wa.-.  indeed  the  value  use-J  to  generate  Fig. 


the 

cA  Cl),  ;c 
coincidence  fte 
.ei;l  li.i,  the  v.-iiue 
11-  abovo  i.-ondition 


(t.?p) 


1120 


With  the  outer  radius  and  the  relative  thickness  known,  the  shell  thickness 
comes  out  to  be  h  =  12.5  cm.  The  shell  composition  can  be  found  from  the 

separation  between  the  initial  resonance  "dips"  in  Fig.  2  (top).  That  spac¬ 
ing  is  read  there  to  be;Axj=  3.6.  That  spacing  was  also  shown  to  be  given 
by:Axj=  cP^/c^  where  cf^’is  the  "plate  velocity"  of  "plate  wav’s"  l.i  (..he. 
metal  (521.  In  terms  of  E,i>,  and  |>  ,  the  plate  velocity  i.=.;  , 

In  the  present  case  it  comes  out  to  be:  cf*’-  1.5x  3.6-  5.1  km/s,  which 

can  be  used  as  a  rough  classifier  of  the  steel.:  Thus,  the  size,  thickness, 
and  elastic  composition  of  the  shell  have  been  found  from  the  information 
in  Fig. 6  (bottom),.  It  remains  to  determine  the  composition  of  the  filler- 
fluid.  This  can  be  done  in  various  ways.:  One  is  from  the  spectrograms  in 
the  context  we  have  used  them  in  this  work  (11,01.  Another  is  by  analysis 
of  the  large  quasi  thickness  resonance  feature  that  appears  at  high  fre¬ 
quencies  when  the  critical  frequency  of  the  s  -Lamb  wave  is  activated 
(141.  Still  a  third  method  is  by  measuring  the  shell’s  reflection  coef¬ 
ficient  "V".  This  is  the  amount  by  which  the  specularly  reflected  portion 
of  the  time  return  is  reduced  in  amplitude  relative  to  that  of  the  incident 
wave.  It  turns  out  that  the  impedance  p,c,  of  the  filler-fluid  is  given  by 
the  relation:  PjCj-fjCj ( (1"V)/(1+V) 1,  at  the  critical  frequency  of  the 
Lamb  wave.  Hence,  the  impedance  so  found  serves  as  a  filler  classifier 
from  tables  of  impedances  of  fluids.  We  note  that  at  this  frequency,  the 
formula  for  f,c,  is  the  saii.e  as  that  for  a  plane  boundary  separating  t)ie  two 
dissimilar  fluids  ttl  and  03,  as  if  the  shell  were  nut  present.  We  c./t.cliKli.' 
by  repeating  that  this  t>pe  of  analysis  is  generic  and  that  it  applies  to 
many  shapes,  compositions,  incident  waves,  and  types  of  sensors, 

CONCLUSIONS 

We  presented  a  resonance  r'.cattoring  analysis  of  the  echoes  that  are 
returned  by  a  submerged  sJiell  whc;i  insonified  b>  (active)  soi.ar  pings.  Our 
approach  is  equally  effective  in  tiie  frequerici  and  time  d:  mains.  We  have 
compared  the  returned  eclioes  produced  b>  Vurious  types  of  incidences.  We 
examined  the  pulse  duratiori  c-ifects,  and  siiowed  that  lung  pul..es  uf  narrow 
spectra,  excite  resonances  in  the  (BCCC  of)  targeto,  only  when  tin.  earlier 
frequency  of  the  incident  pulse  coincides  w,tb  (a:.>;.  one  of  the  target’s, 
resonances.  A  good  way  to  apprv..timate  the  (steady  state)  results  ..btaine.i 
with  c.w  incidences  is  to  use  long  interrogating  parses  (or  any  shape).  On 
the  other  hand,  short  pulses  have  broad  spectra  and  can  excite  many  target 
resonances  provided  they  are  energetic  enough  (i.e.,  impulse  ;;.‘)nai  <  .  Vv 
also  showed  an  example  of  how  -all  t!ie  pliysical  ^liaracter  ist  ics  of  llie  sliell 
and  its  filler  can  be  extracted  from  ti.e  resonance  featare:'.  in  its  D5C5, 
once  a  good  portion  of  the  cros.^  sectio.n  iias  been  isolated  and  pulled  out 
from  the  returned  echo,  m  a  band  .^s  broad  a.;  possible,  by  the  use  of  .niioit 
incident  pulses,  Tivis  generic  rae(.hod  applies  to  many  types  of  sensors. 
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ABSTRACT 

Previous  woric  has  shown  the  nature  of  the  elastic  waves  excited  within  the  structure  of  a 
spherical  shell,  by  continuous  incident  sound  at  low  and  intermediate  frequencies.  It  was  shown 
that  these  waves  are  consistent  with  thin-shell  theory.  In  this  paper  the  nature  of  the  elastic  waves 
is  examined  at  higho  frequencies  where  there  is  a  departure  firom  thin-shell  theory.  It  is  shown, 
for  continuous-wave  excitation,  that  the  elastic  waves  in  the  shell  structure  separate  into  surface 
waves  at  the  inner  and  outo  surfaces  of  the  shell,  particularly  at  the  back  of  the  shell  away  from  the 
incident  sound.  At  high  frequencies,  the  princip^  reaction  appears  to  occur  on  the  side  of  the  shell 
closest  to  the  sound  source. 

INTRODUCTION 

Until  recently  the  elastic  response  of  canonical  spherical  and  cylindrical  bodies  to  incident 
sound  has  largely  been  inferred  from  the  scattered  field,  even  though  the  elastic  response  has  been 
available  directly  from  the  solution  of  the  scattering  problem.  With  the  advent  of  supercomputers 
and  graphics  software  it  has  become  easier  to  compute  the  elastic  behavior  directly..  In  a  recent 
paper  on  scattering  by  solid  spheres  and  cylinders  (1],  it  was  shown  that  the  elastic  response  is 
characterized  by  rotational  waves  (i.e.  waves  whose  displacement  vector  is  oriented  along  lines 
around  a  center  of  rotation),  interacting  in  a  manner  similar  to  the  meshing  of  gears.  For  free  or 
natural  modes  of  vibration,  this  behavior  contrasts  with  the  surface-wave  descriptions  inferr^ 
from  the  scattered  field  (i.e.  Rayleigh  waves  and  whispering-gallery  waves).  The  fundamentals  of 
the  natural  modes  do  indeed  tend  to  Rayleigh  waves  but  only  at  high  fnMjuenc'es  [2].  The 
harmonics  bear  no  relation  to  whispering-gallery  waves;  their  elastic  behavior  involves  a  significant 
displacennent  amplitude  at  all  depths  within  the  solid  structure.  In  the  same  paper  [1]  it  was  shown 
that  individual  natural  modes  can  be  excited  in  a  solid  sphere  by  continuous  sound  at  the  frequency 
of  the  mode.  In  contrast,  for  a  thin  spherical  shell  excited  by  continuous  sound  in  water,  it  was 
shown  [3]  that  individual  natural  modes  apparently  cannot  be  excited  because  the  frequencies  of  the 
fundamentals  congregate  closely  together  when  the  shell  is  thin  and  radiation  damping  in  the  water 
causes  a  strong  overlap  between  these  fundamentals,  making  it  impossible  or  certainly  very 
difficult  to  excite  an  individual  mode. 

In  the  present  paper,  elastic  waves  excited  in  a  thin  shell  are  examined  at  higher 
frequencies,  in  the  region  where  thin-shell  theory  does  not  apply. 

SCATTERING  THEORY 

It  is  assumed  that  a  continuous  train  of  plane  waves  in  water  is  incident  on  a  solid  spherical 
shell  of  outer  radius  a  and  inner  radius  b.  lliere  is  a  vacuum  in  the  interior  of  the  shell.  The 
spherical  shell  and  the  coordinate  system  used  in  the  analysis  are  shown  in  Fig.  1 .  The  incident 
plane  pressure  waves  are  given  by 
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Pi  =  Po  X  (2n  +  l)i’’j„(kr)P„(cose), 

n=o  (1) 

where  the  j„  are  spherical  Bessel  functions  and  the  P„  are  Legendre  polynomials.  The  scattered 
sound  pressure  waves  are  given  by 


Ps  =  PoE  c„h„(kr)Pn(cos0), 

n=o  (2) 

where  the  h,  are  spherical  Hankel  functions  and  the  c.are  coefficients  determined  from  the  boundary 
conditions.  The  time  dependence  v.'hich  is  not  shown  in  the  equations  is  exp 
(-/ruf)  where  <a  is  the  circular  fr^uency  equal  to  kc,  k  is  the  wave  number  and  c  is  the  speed  of 
sound  in  water.  The  vibrational  displacement  vector  u  is  given  by 


u  =  -Vt|f  +  VxA  ,  (3) 

where  \|/  is  a  scalar  quantity  representing  comprcssional  waves  and  A  is  a  vector  representing  shear 
waves.  Because  of  axisymmetry 

u^  =  0  and  A  =  (0,0, A^) 

where  u«  and  A«  are  respectively  the  if)  components  of  the  displacement  vector  u  and  the  vector  A. 
All  quantities  are  independent  of  the  <)  coordinate.  Hence  y  and  A«  can  be  expressed  as 


V=Z  {anjr.(kir)  +  a;,n„(kir))P„(cos9) 
n=0 


(5) 


and 


i  (IWndcjr)  +  b„n„(k2r)I 

n=0  d0  ,  (6) 

where  k,  =  tq/Cp  and  kj  =  w/c,  .and  c,  is  the  compressional  wave  velocity  and  c*  is  the  shear  w'ave 
velocity.  It  follows  that  die  components  of  u  in  the  shell  are 


Ur  = '  f X  Iankitj„(kir)  +  a;,kim„(kjr)  +  n(n  +  l)|b.dn(k2r)  + 

n=0 

b>n(Jt2r)l]  Pn(cOS  0) 


(7) 


Ue  =  -f  X  fUnjnfkir)  +  a;in„(kir)  +  b„{jn(k2r)  +  k2ij’n(k2r',} 
n=0 

b;,{n„(k2r)  +  k2rn,(k2r)lj^i^i^^ 
d0 

where  the  primes  on  the  jn  and  nn  functions  dewric  differentiation  with  respect  to  the  argument.  The 
interior  of  the  shell  is  a  vacuum.  Solutions  for  the  exterior  scattered  field  and  the  displacement 
vector  u  in  the  shell  are  obtained  by  applying  the  boundary  conditions  at  the  inner  and  outer 
surfaces  of  the  shell  to  obtain  the  coefficients  an.  an,  bn,  bn.and  Cn.  The  procedure  has  been 
presented  in  a  number  of  papers  i4-6J. 
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The  properties  for  water  are  assumed  to  be;  density,  p  =  lO^kgm'^  ;  sound  velocity, 
c  =  1 440s-> ..  The  shell  is  assumed  to  be  made  of  aluminum  with  elastic  properties: 

density,  p,  =  2.965  x  lO^kgm-^.  Lam6  constant, X  =  6.1xlO'®Pa 
and  shear  constant,  p  =  2.SxlO**’Pa, 
from  which  are  derived 


compiessional  velocity.  Cp  =  6418  ms'* ;  shear  velocity,  c,  =  3046  ms-* 

All  quantities  are  nondimensionalized  with  respect  to  the  radius  a  of  the  sphere  and  the  density  r  and 
speed  of  sound  c  of  the  water.  Nondimensional  forms  of  the  quantities  used  in  the  computed 
results  are 


and  ka  is  used  as  the  nondimensional  frequency  parameter.  In  the  above  analysis,  the  primes  have 
been  omitted.  The  nondimensional  parameter  Pp/pc^  is  necessarily  a  small  quantity  in  acoustics. 

EXCITATION  OF  THE  SHELL  BY  CONTINUOUS  SOUND  AT  HIGH  FREQUENCIES 

The  vibrations  in  an  aluminum  shell  with  b/a  s  0.98  were  computed  for  incident  sound  at 
frequencies  corresponding  to  ka  =  300  and  600.  The  vibrations  are  shovm  graphically  by  plotting 
the  flowlines  indicating  the  direction  of  the  displacement  vector  and  contour  lines  indicating  the 
magnitude  of  the  displacement  amplitude.  In  a  thin  shell  with  b/a  =  0.98,  a  special  transformation 
has  to  be  used  to  present  the  data  in  a  form  that  is  clearly  visible.  Tne  transformation  is  shown 
schematically  in  Fig.  2  where  the  shell  is  transformed  into  a  rectangular  section.  This  section  is 
divided  into  six  rectangular  segments  each  covering  30  degrees  of  the  angular  dimension  0, 
between  0  =  180  and  0  degrees.  Each  rectangular  segment  has  a  narrow  segment  above  it  showing 
the  pressure  waves  in  the  liquid  next  to  the  shell,  consisting  of  both  incident  and  scattered  sound. 
Shading  indicates  positive  pressure.  Figure  3(a}  shows  the  displacement  flowlines  and  Figure  3(b) 
shows  tfie  contours  of  the  displacement  amplitude,  for  ka  =  300.  Figures  4(a)  and  (b)  present  the 
same  data  for  ka  =  600.  In  Figs.  3(b)  and  4(b),  the  positions  of  the  maximum  and  minimum 
points  are  indicated  twice,  once  at  the  front  of  the  shell,  between  180  and  90  degrees  and  again  at 
the  back  of  the  shell,  between  90  and  0  degrees.  This  separation  was  made  because  the 
displacement  amplitude  at  the  front  of  the  spherical  shell  is  an  order  of  magnitude  greater  than  at  the 
back,  and  the  contours  at  the  back  would  not  ha-^c  been  seen  on  the  same  contour  scale  as  the 
front.  Ten  contours  are  shown  between  the  maximum  and  minimum  (which  is  c.<:sentially  zero). 
Figures  3  .-md  4  show  the  displacement  in  the  shell  and  the  adjacent  pressure  in  the  liquid  at  the 
beginning  of  the  cycle  of  excitation,  i.c.  at  ox  =  0.  During  successive  cycles,  the  waves  in  the  shell 
and  the  adjacent  liquid  move  in  the  direction  of  decreasing  6.  Videos  of  the  computed  data  show 
that  the  movement  docs  not  occur  at  a  steady  speed  but  at  a  rate  that  appears  sinusoidal.  During 
each  cycle  of  the  steady-state  excitation,  tlie  direction  of  the  displacement  flowlincs  changes  twice. 

As  the  frequency  increases  from  ka  =  300  to  ka  =  600.  it  is  seen  that  the  wave  suiicturc 
begins  to  separate  with  surface  waves,  particularly  towards  the  back  of  the  shell  away  from  the 
incident  sound.  The  amplitude  of  the  waves  on  the  outer  surface  of  the  shell  next  to  the  liquid  is 
greater  than  that  on  the  inner  surface.  The  pattern  of  the  pressure  waves  in  the  liquid  next  to  the 
shell  is  seen  to  be  quite  complicated  in  places. 

Figures  5  and  6  show  the  transition  from  anti-symmetric  behavior,  characteristic  of  thin- 
.shcll  theory  [7J.  at  low  and  intermediate  frequencies  [31.  and  symmetric  behavior  characteristic  of 
higher  frequencies.  Figure  .5(a)  shows  a  comparison  between  the  radial  component  of 
displacement  on  the  outer  surface  of  the  shell  (doited  line)  anC  the  inner  surface  (solid  line).  Only 
40  degrees  of  the  circumferential  coordinate  9  arc  shown;  the  remainder  of  the  6  range  is  similar. 
Figure  6  .shows  symmetric  behavior  of  the  radial  components  in  more  detail,  for  ka  =  600. 
Figure  5(b)  shows  a  comparison  between  the  circumferential  component  of  displacement  at  the 
middle  surface  (dotted  line)  and  the  arithmetic  average  of  the  circumferential  components  on  the 
inner  and  outer  surfaces  (soiid  line).  At  low  and  intermediate  frequencies  these  circumferential 
components  ate  the  same,  agreeing  with  thin-shell  theory  [31.  As  frequency  increases  the 
agreement  with  thin-.shrll  theory  disappears,  as  shown  in  Fig.  5(b). 
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CONCLUDING  COMMENTS 


Further  exploration  of  high-frequency  behavior  is  needed.  In  particular,  it  is  necessary  to 
determine  how  well  ray  theory  predicts  high-frequency  behavior. 

An  important  need  is  to  relate  the  elastic  waves  inside  the  structure  of  the  acoustic  target 
with  the  scattered  sound  field.  Resonance  scattering  theory  (RST)  [8]  provides  a  significant 
insight  into  the  nature  of  the  scattered  field.  Direct  computation  of  the  elastic  waves  should  be 
combined  with  RST  to  develc^  a  complete  understanding  of  the  manner  in  which  the  scattered  field 
is  formed  from  the  vibrations  of  the  acoustic  target 
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Continuous  Train  of 
Plane  Waves 


Solid  Spherical 
Shell 


Fig.  1  Continuous  train  of  plane  waves  incident  on  a  spherical  shell. 


Fig.  2  Transformation  of  section  of  spherical  shell  into  a  rectangular  section. 
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ka  =  300.0  Aluminum  b/a  =  0.90  wt  =  000° 
(b)  ♦  max  =  3.3150E-03i  X  min  =  4.6591E-06 


♦  max  =  6.4707E-04;  X  min  =  1.4002E-0G 


Fig.  3  Two  sequences  of  6  plots,  each  covering  30  degrees  of  the  angular  dimension  0  of  the 
shell,  showing: 

(a)  the  flowlines  of  the  displacement  vector  direction  and 

(b)  contour  plots  of  the  amplitude  of  the  displacement  between  the  max  and  min 
values  of  the  amplitude. 

The  shell  is  excited  by  incident  sound  at  ka  =  300.  The  thin  layer  at  the  top  of  each 
^t;on  shows  the  pressure  field  in  the  water  next  to  the  shell,  po.dtive  pressure  indicated 
by  shading.  The  sequence  occurs  at  (ot  =  0  at  the  beginning  of  the  cycle  of  excitation. 
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Fig.  4  Two  sequences  of  6  plots,  each  covering  30  degrees  of  the  angular  dimension  0  of  the 
shell,  showing: 

(a)  the  flowlines  of  the  displacement  vector  direction  and 

(b)  contour  plots  of  the  amplitude  of  the  displacement  between  the  max  and  min 
values  of  the  amplitude. 

The  .'hell  is  excited  by  incident  sound  at  ka  -  600.  The  thin  layer  at  the  top  of  each 
section  shows  the  pressure  field  in  the  water  next  to  the  shell,  positive  pressure  indicated 
by  shading.  The  .sequence  occurs  at  (i)t  =  0  at  the  beginning  of  the  cycle  of  excitation. 
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(a)  (b) 


Circumrcrenlial  angle,.  0 

Fig.  5  Comparison  of: 

(a)  the  radial  component  of  displacement  on  the  outer  surface  of  the  shell  (dotted 
line)  with  that  on  the  inner  surface  of  the  shell  (solid  line) 

(b)  the  circumferential  component  of  displacement  on  the  middle  surface  of  the 
shell  (solid  line)  with  the  arithmetic  average  of  the  circumferential  components 
on  the  inner  and  outer  surfaces  of  the  shell  (dotted  line). 

The  shell  has  b/a  =  0.98  and  the  excitation  frequencies  in  water  are  ka  =  300  and  600. 
The  curves  are  for  the  beginning  of  the  cycle  of  excitation  at  (ot  =  0.  Only  the  part  of  the 
shell  closest  to  the  source  of  incident  sound  is  shown. 


Fig.  6  Companson  for  ka  =  600  of  the  radial  component  of  displacement  on  the  outer  surface  of 
the  shell  (dotted  line)  with  that  on  the  inner  surface  of  the  shell  (solid  line)  showing  the 
development  of  symmeuic  motion  in  the  shell. 
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ABSTRACT: 

A  review  is  given  of  various  integral  equation  formulations  and  some  general  solution 
methods,  including  element  and  eigenfunction  expansion  approaches. 

INTRODUCTION: 

Integral  equations  in  modern  engineering  may  be  viewed  as  a  tree  with  many  branches  and, 
under  our  current  educational  .system,  unfortunately  few  roots.  Boundary  element  methods 
(BFIM),  T  matrix  methods  (TMM),  Embedding  element  methods  (EEM)  and  many  others  are  all 
based  on  this  concept.  It  is  clear  that  integral  equation  formulations  are  really  not  new  in 
classical  physics,  i.e..  solid  mechanics,  fluid  mechanics,  electromagnetics,  thermodynamics,  etc. 
of  continue  (now  the  purview  of  engineering)  since  the  search  for  ’’the”  Green’s  functions  for 
specific  problems,  geometries  and  boundary  conditions,  going  back  about  150  years,  is  based  on 
an  integral  form.  This  approach  leads  to  a  complete  and  exact  solution  in  the  form  of  a 
quadrature  o'  prescribed  boundary  values,  e.g.,  Morse  and  Feshbach'..  The  breakthrough  to 
boundary  integral  equations,  BIE,  came  when  it  was  recogni/.ed  that  the  same  formulation  could 
be  used  with  any  Green’s  function  satisfying  the  governing  equation,  regardless  of  geometry 
and  boundary  conditions,  and  led  to  an  equation  of  reduced  dimensionality  by  placing  the 
solution  point  on  the  boundary.  The  price  paid  for  this  generality  was  that  the  resulting 
equation  was  an  integral  or  even  integro— differential  equation..  The  many  integral  equation 
methods  are  distinguishable  by  the  solution  technique  used  such  as  approximate,  i.e.  expansions 
in  terms  of  continuous  functions  with  arbitrary  coefficients,  and  numerical,  i.e.  local 
approximation  of  the  dependent  variables  at  discrete  points,  methods  as  well  as  other  methods, 
I.e.  eigenfunction  expansions,  elements  and  everything  else  (this  last  category  includes 
iteration,  asymptotic  expansions  and  other  rarely  used  approaches).  They  are  further 
distinguished  by  various  ’’organizations"  of  the  location  of  integration  or  "source”  points  and 
solution  or  "field"  points.  The  main  claim  of  integral  equation  formulations  is  that  they  arc 
boundary  rather  than  volume  methods,  thereby  distinguishing  them  from  the  standard  methods 
of  finite  differences  and  finite  elements.  Each  of  these  has  its  own  advantages  and 
disadvantages,  e.g.  in  a  coupled  fluid-structure  interaction  problem,  it  may  be  advantageous  to 
use  a  volume  method  for  a  complicated  structure,  possibly  heterogeneous  and/or  nonlinear,  with 
the  boundary  integral  equation  form  serving  as  a  generalized  closing  "boundary  condition"  to 


that  structure.  The  emphasis  here  then  will  be  on  the  BIE  itself  rather  then  the  actual 
coupling..  This  review  will  discuss  a)  the  general  integral  equation  formulation  for  wave 
problems,  including  some  unusual  forms,  b)  some  solution  techniques  including  i)  elements,  ii) 
eigenfunction  expansions  and  in)  "other”  solution  methods. 

a)  THF.  "BOUNDARY”  INTEGRAL  EQUATION  FORMULATION 

It  should  be  noted  that  the  term  "formulation”  rather  than  "solution  method”  is  used  here.. 
This  IS  because  these  integral  equation  forms  are  completely  equivalent  to  the  differential 
equation  form;  there  are  no  "new”,  i.e.  other  than  the  original  physical  assumptions, 
approximations  made  and  thus  the  integral  equation  form  contains  all  of  the  same  information 
as  does  the  differential  equation  form..  For  example,  Shaw^  uses  such  a  formulation  to  obtain 
dispersion  equations  for  an  infinite  elastic  plate.  Many  of  the  same  techniques,  e.g.  elements, 
eigenfunction  expansions,  asymptotic  expansions,  iterations,  etc.,  are  used  to  solve  both 
differential  and  integral  formulations.- 

The  Helmholtz  equation  for  time  harmonic  acoustic  waves  in  a  homogeneous  medium  is 

«(?)  -)-  k*  Mr)  •=  Q(r)  in  V  (1) 

With  a  dependent  variable,  a  forcing  term,  Q,  and  appropriate  boundary  conditions 

«(r)  =  f,(f)  on  S,  i  3^(f)/an  =  fj(f)  on  Sj  ;  K  ^(r)  +  3«(f)/8n  »=  fjlf)  on  S,  (2) 

where  Si  U  Sj  U  83  is  the  total  boundary  to  the  acoustic  domain,  V..  A  time  harmonic 
dependence  proportional  to  exp(  —  i  u  t  )  is  taken.-  Corresponding  transient  formulations  are 
also  available,  e.g.  Friedman  and  Shaw^. 

Green’s  functions  for  the  Helmholtz  equation  are  defined  by 

V"  G(f,  fo)  +  k"  0(f,  To)  -  -  d(f  -  To)  in  V  (3) 

with  the  boundary  conditions  left  unspecified  at  this  point.-  For  an  infinite  domain,  the  Green’s 
function  is  well  known  in  terms  of  R  •»  I  f  —  fq  I  as 

Go(f,  fo)  =  exp(  i  k  R  )/ (4  ir  R  )  in  3--D;  =  (i/4)  Ho"’  (  k  R  )  in  2-D  (4) 

Green’s  third  integral  theorem  with  an  outward  (  from  V(fo)  )  normal,  Rq,  gives 

|{G(f,  fo)  34(fo)/3no  -  ^(fo)  3G(f,  fo)/3no}dS(fo)  -jwfo)  «f  -  fq)  +  Q(fo)  GCf,  fo))dV(fo)  (5) 
S  V 

Here,  f  represents  the  solution  or  field  point  while  fo  is  the  integration  or  source  point.  For 
exterior  acoustic  scattering  problems,  there  is  a  contribution  from  a  closing  surface  at  infinity 
since  the  total  acoustic  field  is  not  zero  there;  to  use  the  form  given  here,  either  <  must 
represent  the  scattered  field  which  does  vanish  at  infinity  or  an  incident  wave  field  must  be 
used  for  an  equivalent  Q(f). 

If  the  field  point  f  is  within  V(fo),  the  first  volume  integral  yields  4(f)  while  if  f  is 


outside  of  V(fo)  it  yields  zero  due  to  the  nature  of  the  delta  function.-  If  however,  r  is  on  the 
boundary  surface  S(fo),  i.e..  neither  inside  nor  outside  of  V,  the  boundary  integration  includes 
the  source  point  R  —  0  and  leads,  with  care,  to  (1/2)  ^(f)  at  a  smooth  boundary  location  and 
some  other  fraction  of  ^  at  a  sharp  corner.-  One  way  to  view  this  is  that  only  a  fraction  of 
the  delta  function  operates  for  a  solution  point  on  the  boundary;  this  can  of  course  be 
rigorously  established.  For  r  on  S,  the  integrals  are  taken  in  a  Cauchy  principle  value  sense, 
i.e.-  excluding  the  point  f  <=>  fg  from  the  integration.  The  advantage  to  this  latter  "boundary 
integral  equation”  form  is  that  all  unknowns  are  required  only  on  the  boundary,  i.e.-  the 
problem  has  been  reduced  by  one  dimension.  Furthermore,  the  infinite  domain  often  required  in 
exterior  radiation  and  scattering  problems  has  been  reduced  to  a  solution  on  the  finite 
boundary  S.  Once  this  boundary  integral  equation  has  been  solved,  the  solution  at  r  in  V  is 
expressed  in  terms  of  known  quadratures.  The  boundary  integral  equation  formulation  is  then 

c  ^(f)  -  |{C;{f,  fo)30(ro)/3no  -  «(fo)3G(f,  fo)/3no)dS(fo)  Q(fo)  G(r,  fg)  dV(fg)  (6) 

S  V 

where  c  =  {1,  1/2,  0)  for  f  within  V,  on  S  and  not  within  V  respectively  (  with  some  other 
fraction  replacing  1/2  at  corners  ).  Frequently  Q(r)  is  zero,  i.e.  no  field  sources  and  no  volume 
integration  is  required  at  all.  In  exterior  scattering  problems,  the  total  wave  field  may  be  used 
as  the  dependent  variable  if  the  Q  integral  represents  -^mcidinf  This  may  be  established  by 
examining  the  interior  solution,  i.e.  outside  of  V,  which  should  be  zero  everywhere,  e.g. 
Friedman  and  Shaw^.,  Note  that  if  ^  were  prescribed  on  S  and  G  were  chosen  in  a  form  to  be 
zero  on  S,  the  exact  solution  would  follow  for  field  points  anywhere  in  V;  this  would  then  be 
"the"  Green’s  function  solution  to  this  problem,  with  other  boundary  conditions  requiring  other 
"the”  Green's  functions.  In  boundary  integral  equations,  G  is  usually  taken  as  the  free— space 
or  infinite  domain  Green's  function  given  above.  Then  if  ^  were  given  on  S,  eq.  (6)  with  c  ■= 
1/2,  would  be  an  integral  equation  of  the  first  kind  on  3^/3n,  which  appears  only  under  the 
integral,  on  S.  Once  3^/3n  on  S  is  determined,  eq.  (6)  with  c  =  1  yields  results  at  any  field 
point  within  V,  etc.  It  is  also  worth  noting  here  that  the  unknown  boundary  values  could  also 
be  determined  by  placing  the  field  point  anywhere  outside  of  V;  then  eq.  (6)  will  always  have  c 
=  0  and  thus  always  be  an  integral  equation  of  the  first  kind.  This  "null  fieId”or  "extinction” 
approach  avoids  the  Cauchy  principle  value  but  has  some  numerical  solution  difficulties,  along 
with  the  question  of  where  best  to  locate  the  field  points,  e.g..  Bates  and  WalF... 

Before  examining  these  in  detail,  it  is  valuable  to  consider  the  physical  interpretation  of 
eq.  (6)  in  terms  of  distributions  of  sources  and  doublets  on  the  surface  S  which  replace  the 
original  physical  object  by  a  "saltus”  problem,  i.e.  one  with  fluid  everywhere  and  allowable 
discontinuities  in  the  dependent  variable  at  the  original  surface.  The  first  surface  integral 
may  be  considered  as  a  distribution  of  simple  sources,  G(f,  fg),  of  strength  3p/3n  on  S  while  the 
second  term  may  be  thought  of  as  a  distribution  of  doublets,  3G(r,  rg)/3n,  of  strength  -  p. 
These  surface  distributions  cause  a  discontinuity  in  the  dependent  variable  and  its  normal 
derivative  as  a  field  point  moves  from  within  V  to  outside  of  V  such  that  the  dependent 
variable  p  and  its  normal  derivative  go  from  their  actual  values  within  V  to  zero  values 
outside  of  V.;  Their  value  on  S  will  be  defined  to  be  that  of  the  interior  of  V  since  there  is 
no  meanirg  here  to  a  value  "at”  a  discontinuity.  This  is  the  "direct"  boundary  integral 
formulation.  An  equally  useful  "indiiect"  formulation  can  be  made. 


either  sources  alone  or  doublets  alone.  In  this  case  the  ’’jump”  is  only  in  the  normal  derivative 
or  the  variable  itself  respectively  and  the  solution  goes  from  the  required  one  interior  to  V  to 
some  nonzero  artificial  one  outside  of  V.  These  are  NOT  new  concepts.  Lamb^  discussed  such 
discontinuities  at  some  length  in  his  classic  text  on  hydrodynamics.  The  direct  formulation  is 
essentially  the  ’’mathematical  statement  of  Huygens’  principle"  as  described  by  Baker  and 
Copson^...  It  IS  only  the  use  of  digital  computers  for  numerical  solutions  that  has  changed  their 
role  in  engineering.  To  illustrate  the  indirect  approach,  consider  the  doublet  source 
formulation  for  the  Ffelmoltz  equation  for  an  exterior  Dirichlet  problem; 

«(f)  =  I  <T(ro)  aiG(f,fo)l/3n(,  dS(fo)  (7) 

S 

which  represents  the  acoustic  velocity  potential,  at  a  field  point  r  in  terms  of  a  distribution 
of  point  doublets  of  strength  a  on  the  obstacle  surface  S.  ^  is  discontinuous  across  such  a 
surface,  although  the  normal  derivative  of  ^  is  still  continuous,  i.e.  as  r  approaches  S  from 
the  fluid  (r.,)  and  from  the  interior  of  the  obstacle  (r-), 

^(f)-  -  f  (1/2)  <r(r)  f  I  er(ro)  3[G(r,ro))/3no  dS(fo)  (8) 

0(f)+  -  -  (1/2)  <T(f)  +  I  ff(fo)  3[G(f,ro)l/3no  dS(fo)  (9) 

S 

Clearly  as  r  approaches  the  obstacle  surface,  there  is  a  discontinuity  of  —  a  in  ^  across  S 
from  the  fluid  to  the  interior  of  the  obstacle.  For  a  Dirichlet  problem  where  ^  is  given  on  S, 
eq..  (9)  allows  <r  to  be  found  and  eq.  (7)  allows  ^  to  be  found  in  the  field  once  a  is  known; 
similar  approaches  hold  for  a  surface  of  simple  sources. 

One  other  formulation  seems  appropriate  to  mention  here.  There  is  no  actual  need  to 
place  these  source  surfaces,  i.e.  discontinuities,  on  the  original  boundary.-  They  could  be 
placed  in  the  region  outside  of  the  original  volume  and  their  source  and/or  doublet  strengths 
adjusted  to  satisfy  the  original  boundary  conditions  on  the  original  boundary.  This  approach 
is  called  the  "embedding”  integral  equation  formulation  since  the  original  volume  is  now 
embedded  in  a  larger  domain  and  was  actually  one  of  the  first  integral  equation  formulations 
used,  albeit  for  potential  flow  rather  than  acoustics,  e.g.  Munk'  and  Von  Karman°.  Here  a 
typical  representation  would  have 

d(r)  -  I  ff(to)  G{f,  To)  <«S(ro)  +  |  CK?®)  G(r.  f,)  dV(fo)  (10) 

S.  V, 

where  S<  would  be  some  convenient  "embedding”  .surface  such  as  a  circle  in  2D  or  a  sphere  in 
3D  placed  outside  of  the  original  volume  and  V.  is  the  new  total  volume  which  includes  the 
original  domain  plus  the  added  volume  to  extend  the  domain  up  to  the  embedding  surface. 
Even  if  there  are  no  sources  within  the  original  volume,  there  may  still  be  occasion  to 
introduce  them  in  the  added  domain.  If  Dirichlet  conditions  are  given  on  S(r«),  i.e.  dir.)  is 
known,  eq.  (10)  allows  for  the  solutir.n  of  cr(fo).  Once  or  is  known,  eq.  (10)  with  r  at  any  field 
location  in  V  allows  the  solution  for  4(f)  just  as  a  normal  derivative  of  eq.  (10)  with  respect  to 
n(f)  allows  3d/dn  to  be  found  everywhere  in  the  original  domain.  Clearly  other  boundary 
conditions  could  be  handled  in  much  the  same  manner.  While  this  embedding  approach  a'  -iids 
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the  singular  integrals  and  Cauchy  principal  values  of  the  ’’standard"  boundary  integral  equation 
method,  it  has  its  own  advantages  and  disadvantages.  It  has  been  used  in  some  acoustic 
problems,  e.g.  Shaw  and  Huang^  for  eigenvalue  problems  and  Shaw  and  Huang'°  for  radiation  and 
scattering  problems. 


b)  SOME  SOLUTION  TECHNIQUES 

The  classical  techniques  for  the  solution  of  integral  equations  tend  to  be  overlooked  in 
engineering  practice  along,  unfortunately,  with  the  available  theory.  For  example,  the  "interior 
eigenvalue”  problem,  inherent  in  boundary  integral  equation  formulation  itself  rather  than  any 
numerical  technique,  where  an  exterior  radiation  or  scattering  solution  by  this  approach  fails 
at  the  eigenvalues  of  an  interior  problem  with  the  same  geometry  and  a  related  boundary 
condition,  e.g.  Schenck",  is  most  clearly  understood  in  terms  of  integral  equation  theory., 

i)  ELEMENT  METHODS:  This  boundary  element  method,  BEM,  approximates  both  the 
surface  of  integration  and  the  dependent  variables  by  simpler  geometrical  forms,  i.e.  shape 
functions,  over  subregions,  t.e.  boundary  elements.  For  the  dependent  variable,  this  implies  a 
functional  variation  determined  by  numerical  values  at  appropriate  nodes  while  for  the 
geometry  this  implies  certain  orders  of  smoothness  for  the  connectivity  of  the  elements.  In 
the  simplest  case,  the  dependent  variables  are  approximated  by  a  constant  "shape  function”  on 
each  element  and  the  elements  are  taken  as  straight  lines  in  2D  and  flat  triangles  in  3D,  i.e., 
linear  "shape  functions”  which  have  constant  normal  directions;  this  "jargon”  is  a  direct 
outgrowth  from  finite  elements  and  may  not  always  be  the  best  description  of  what  actually  is 
being  done  in  boundary  elements.  Consider  eq.-  (6)  with  Q  =  0,  for  f  =  f,  ;  i  =  1,  2,  ..  M  on  S 
at  a  smooth  location  with  S  segmented  into  M  elements.  Typically,  r,  is  chosen  at  the  center 
of  the  geometrical  element. 


(1/2)  d(f,)  = 


M 

s 


I  {G(f„  f(i)  9^(fo)/3no  —  #(fo)  3G(r„  fo)/3no)dS(fo) 
S* 


(11) 


Approximating  ^  and  3^/3n  as  "constants”  on  each  element  S;^,  regardless  of  the  approximation 
of  the  geometry,  this  becomes 


M  ^  ^  M  ^ 

(1/2)^,  =  y^{0»/3n)»  G(r„ro)dS(ro)  -  3G(roro)/3nodS(fo))  -  ^{(3^/3n)fcGu  -  (1 2) 

“-i  i  i  k-i 

While  this  IS  the  "standard”  explanation  of  the  lowest  order  approximation,  it  must  be 
pointed  out  that  this  is  computationally  equivalent  to  using  a  mean  value  theorem  from 
integral  calculus  with  the  approximation  in  eq.  (12)  being  that  the  unknown  location  of  these 
mean  values  is  taken  to  be  the  center  of  the  element,  Shaw'^.  The  arithmetic  does  not  change 
from  the  "constant"  shape  function  concept,  but  the  interpretation  of  physical  results  does. 
The  constant  shape  function  requires  a  "ziggurrat”  or  stepped  representation  while  the  mean 
value  approach  only  requires  that  the  mean  value  of  the  unknown  over  the  element  occur  at 
the  midpoint,  thereby  allowing  other  constraints  such  as  continuity  of  the  solution  from 
element  to  element  to  be  added.  Moving  the  last  term  to  the  left  hand  side  of  this  equation 
and  calling  Hi^  6,^  +  Hut  leads  to  the  "standard"  boundary  element  form 
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0^/3n))j  Gii,  ; 


M 


(13) 


M 


k-1 


1  -  1.  2. 


For  any  M  boundary  conditions  on  the  2  M  unknown  variables  and  0^/3n)(,  this  set  of  M 
equations  may  be  solved  for  the  remaining  M  unknowns.  The  "influence  coefficients"  Gi^  and 
are  integrals  of  G  and  3G/3n  over  S>.  for  a  field  point  at  r^  and  are  obtained  for  i  k  by 

standard  Gauss  integration  formulas.  For  i  =>  k,  G,|  is  obtained  by  a  modified  Gaus  mula, 

while  for  "flat  elements”  H(,  is  zero.  This  latter  result  is  based  on  the  fact  that  G  is  a 
function  of  P  and  3G/3n,  which  is  thus  proportional  to  3R/dn,  is  zero  for  all  points  on  a  "flat" 
S|  where  iii  is  always  perpendicular  to  R,  excluding  the  point  R  »  0  since  this  is  a  Cauchy 
principle  value  integral.  Many  reviews  of  boundary  element  methods  applied  to  wave  problems 
are  available,  e.g.  Shaw'^.  Embedding  element  methods  have  been  applied  to  some  acoustic 
scattering  problems  but  are  still  in  the  process  of  development,  e.g.  Shaw  and  Huang‘°., 

ii)  EIGENFUNCTION  METHODS:  The  direct  application  of  eigenfunction  expansions  to  the 
governing  boundary  integral  equation,  eq.  (6),  suffers  from  the  drawback  that  the  eigenfunction 
expansions  for  Go(r,  ro),  given  in  standard  references  such  as  Morse  and  Feshbach',  have 
distinct  forms  for  i  >  Tq  and  r  <  Fg  but  no  mention  is  ever  made  of  what  happens  at  r  ==  Fg. 
While  Gg  itself  is  continuous,  its  derivatives  are  not.  This  difficulty  can  clearly  be  resolved, 
but  this  does  not  appear  to  be  a  "method  of  choice”  in  the  engineering  community.  Rather,  the 
T  matrix  met*  >d  or  TMM,  introduced  into  acoustics  by  Waterman'*,  seems  to  dominate  this 
approach.  T>  method  uses  eigenfunction  expansions  based  on  simple  geometries  for  the 
solution  of  other  more  complicated  geometries,  which  in  a  sense  is  the  basis  of  the  classical 
Trefftz  method.  The  TMM  is  applied  primarily  to  exterior  problems,  i.e.  scattering  or 
radiation  into  an  infinite  exterior  domain,  and  has  been  applied  to  a  variety  of  problems,  e.g., 
acoustic,  elastodynamic,  water  and  electromagnetic  waves.  Consider  an  infinite  homogeneous 
acoustic  domain,  V,  with  a  submerged  rigid  obstacle  of  finite  surface,  S.  Take  the  standard 
problem  of  the  scattering  of  plane  time  harmonic  waves  incident  on  this  obstacle;  the  resulting 
scattered  wave  field  is  sought.  Choosing  an  appropriate  orthogonal  set  of  basis  functions, 
4'n(F),  the  following  expansions  may  be  made  for  a  typical  exterior  scattering  problem: 


«v(F)  -  Z  »P  Rel  ♦pt?)  1 

(14) 

p-o 

P»(fj  d(r)  -  ♦v(r)  •• 

Z  r-  ♦->(?) 

(15) 

G(r,rg)  -  0  Z  1 

n-0 

♦n(r)  Rel  ♦n(Fg)  1  ;  r  >  rg 

(16) 

n-o  1 

♦n(Fo)  Re(  ♦n(F)  J  ;  Tg  >  r 

The  factor  0,  (i/4  in  2D),  is  typical  of  the  T  matrix  notation.  The  governing  integral  equation 
IS  then  written  twice,  once  for  F  on  the  circumscribed  surface  and  once  for  F  on  the  inscribed 
surface;  note  that  neither  of  these  points  is  on  the  original  boundary  surface, 

♦(r)  •  #»(?)  =-  dj(r)  -  I  ♦(^g)  3G(r,ro)/3ng  dS(rg)  ;  r  >  rg  (17) 

♦v(r)  ■■■  I  ♦(?,.)  3G(F,Fg)/3no  dS(rg)  ;  rg  >  r  (18) 

S 
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If  the  field  on  the  scattering  surface,  dCfo),  were  itself  expanded  in  an  appropriate  set  of  basis 
functions,  e.g.  Ya(fo)  where  Ya  might  be  ifm,  Re{  hm  ),  etc., 

d(ro)  “  Z  a-  Y-(?o)  (19) 

m-o 

then  fn  and  ap  could  be  related  to  each  other  through  the  elimination  of  an.  For  real  basis 
functions,  Yn,  the  definition  of  the  Q  matrix  as 

Q.„  -  I  Y.(ro)  a*,(ro)/3no  dS(ro)  (20) 

S 

leads  to  the  equations 

f«  -  -  /5  £  a«  RetQmnl  (21) 

m-o 

Sp  —  ^  <Xm  Qaip  (22) 

m-o 

fn  -  -  z  S  «I>  Q-p"'  “  S  *p  Tpn  (23) 

p-o  m-o  p-o 

Thus  given  an  appropriate  set  of  basis  functions,  Yn(fc),  and  the  scattering  geometry  S,  the 
matrix  Q  and  thus  the  matrix  T  can  be  computed.  For  a  complex  set  of  basis  functions  Yn,  the 
details  are  modified  somewhat,  e.g.  Martin'^.  It  is  clear  that  this  procedure  could  have  been 
halted  at  eq.  (21)  where  am  could  be  found  in  terms  of  fn,  i.e.  the  surface  potential 
coefficients  in  terms  of  the  known  incident  wave  coefficients.  This  would  <  .irrespond  to  the 
’null-field’  method  arisng  from  the  location  of  field  or  solution  points  outside  of  the  acoustic 
domain  where  the  field  should  be  identically  zero.  Since  the  TMM  is  based  on  the  same 
integral  equation  formulatio'i  as  the  BKM,  it  should  also  be  subject  to  the  ’’fictitious  interior 
eigenvalue"  failure  problem.  While  this  problem  was  also  recognized  early  on  in  the 
development  of  the  TMM,  <  .g.-  Waterman'\  and  in  methods  for  circumventing  it  such  as  the  use 
of  the  full  complex  form  cf  i'll  for  the  basis  set  Y«  by  Ma^tl^'^  which  implicitly  recognizes 
the  existence  of  the  ’fictitious  interior  eigenvalue’  problem  when  only  the  real  part  of  or 
Its  normal  derivative  is  ursd  for  Y.,  it  does  not  seem  to  be  of  great  concern  in  practice.  This 
may  be  seen  for  example  .n  a  typical  recent  discussion  of  the  relative  merits  of  the  TMM  and 
BF.M,  Tobocman'*,  where  this  difficulty  is  pointed  out  for  the  BFM  but  not  mentioned  for  the 
TMM.  In  fact.  Waterman"  recommended  the  use  of  the  real  part  of  ikn  for  the  basis  set  Yn. 
This  disparity  between  principle  and  practice  led  to  a  study  illustrated  by  an  example  of  2D 
scattering  by  a  circular  cylinder  of  radius  a,  i.e.  Shaw  and  Huang'*..  Embedding  methods  based 
on  eigenfunction  expansions  turn  out  to  be  nothing  other  than  the  well  known  Trefftz  method, 
but  with  a  clearer  understanding  :>f  the  physical  meaning  of  this  time  honored  approach,  Shaw 
and  Huang.'* 

Ill)  OTHER  METHODS:  These  include  such  classical  methods  as  iteration,  e.g.  Chertock’'', 
asymptotic  expansions  in  either  frequency  or  geometry,  e.g.  Shaw*',  etc.  While  of  interest, 
these  do  not  seem  general  enough  for  standard  methods,  but  do  have  theoretical  significance. 

Coupled  interior  structure-exterior  fluid  problems  are  a  direct  extension  of  these  concepts. 
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ABSTRACT 

Previous  research  has  determined  the  far-fteld  sound  pressure  radiated  from  the  upper  surface  of  a  line- 
driven,  fluid-loaded  infinite  flat  plate  with  attached  rib  sdlfeners  spaced  periodically. 

In  thb  study,  the  plate  is  configured  to  have  two  sets  of  rib  stiffeners,  though  the  formulation  may  be 
extended  to  include  additional  rib  stiffener  sets.  The  stiffener,,  composing  a  given  set  are  identical  and  are  spaced 
penodically  with  distance  i.  However,  one  set  of  ribs  is  shifted  an  amount  A  from  the  other  set.  In  this 
manner,  portions  of  the  plate  may  be  configured  with  repeating  sections  having  nonperiodic  rib  spacing. 

llie  research  shows  that  a  periodically  stiffened  plate  produces  a  symmetric^  far-field  directional  radiation 
pattern.  Whereas,  a  nonperiodic  rib-stiffened  plate  generates  unsymmeirical  radiation  characteristics. 

INTRODUCTION 

Acoustic  radiation  from  stiflened  plates  has  been  investigated  over  the  past  thirty  years  with  a  primary 
focus  on  far-field  solutions  of  the  radiated  acoustic  pressure  from  periodically  stiflened  structures.  Romanov  [  I  ] 
calculated  the  radiated  power  from  an  infinite  plate  due  to  a  field  or  random  line  forces  driving  the  plate  between 
two  frames  spaced  a  distance  2i  apart  and  symmetric  about  the  origin.  Both  sides  of  the  plate  were  fluid  loaded. 
Evseev  [2]  determined  the  far-field  radiation  from  an  infinite  thin  plate  with  attached  framiu  periodically  spaced  at 
a  distance  1.  The  fluid-loaded  plate  was  driven  by  a  harmonic  point  force.  The  effect  of  the  attached  frames  was 
modeled  as  a  reaction  force  applied  at  each  attachment  location.  The  frames  were  allowed  to  have  mass  and 
bending  stiffness  properties,  but  not  rotational  stiffness.  Gartclick  (3)  presents  results  that  show  the  far-field 
radiated  pressure  from  a  two-framed,  a  four-framed,  and  a  plate  stiffened  by  an  infinite  set  of  periodic  frames  over 
a  wide  band  of  frequencies.  Mace  [4]  considered  the  far-field  radiated  pressure  from  an  infinite  fluid-loaded  plate 
having  two  sets  of  rib  stiffeners,  one  set  spaced  an  integer  multiple  of  the  periodic  spacing  of  the  other  set..  A 
harmonic  point  force  was  applied  to  the  unloaded  surface  of  the  plate  and  the  far-field  pressure  was  obtained  by 
the  method  of  staionary  pha.se.  The  frames  did  not  exert  moment  reactions  on  the  plate.  Burroughs  [5]  extended 
the  formulation  given  by  Mace  to  analyze  the  far-field  radiation  from  a  fluid-loaded  infinite  cyclindrical  shell 
having  periodic  and  identical  circular  intermediate  ring  supports  and  bulkhead  supports. 

This  paper  investigates  the  far-field  sound  pressure  radiated  from  the  upper  surface  of  a  line-driven,  fluid- 
loaded  stiffened  infinite  flat  plate.  The  formulation  presented  here  allows  for  one  set  of  identical  periodically 
spaced  rib-.stiffeners  to  be  offset  from  another  set  of  periodically  spaced  rib-stiffeners.  The  methixl  can  be 
extended  to  many  sets  of  frames,  all  of  which  have  a  different  offset  from  one  another.  Hence,  composite 
sections  of  the  plate  may  be  desig,  ..cd,  over  any  length  scale,  to  possess  nonperiodic  frame  spacing. 


FORMULATION 


Figure  1  is  a  conceptual  illustration  of  the  fluid-loaded,  tib-stiffened  infinite  flat  plate  under  investigation. 
The  plate  is  fluid-loaded  on  the  upper  surface  only;  the  lower  surface  is  in  vacuo.  An  external  time  harmonic  line 
force  of  magnitude  Fq  is  applied  perpendicularly  to  the  plate's  lower  surface. 


Fig.  1.  Geometry  of  flat  plate  showing  two  sets  of  rib-stiffeners  and 
the  external  forces  acting  on  the  stiffened  plate. 

Two  sets  of  attached  rib-stiffeners  are  shown  and  both  are  spaced  periodically  with  a  distance  denoted  as 
1.  One  set  of  stiffeners  is  o^set  from  the  other  set  by  a  distance  denoted  as  A.  The  stiffeners  composing  a  given 
set  are  identical,  i.e.,  they  have  the  same  cross-sectional  areas  and  material  properties.  The  properties  of  one  set, 
however,  con  differ  from  that  of  the  other  set. 

liie  elastic  plate  is  of  unifom  thickness,  h.  It  is  isotropic,  homogeneous,  and  its  transverse  motion  is 
assumed  to  be  govered  by  Euler-Bemoulli's  equation  of  motion.  Rotary  inertia  and  shear  deformation  effects 
within  the  plate  are  neglected.  The  plate  has  structural  damping  which  has  been  included  by  allowing  for  a 
complex  Young's  modulus  having  a  loss  factor  t]. 

The  rib-stiffeners  exert  reactive  forces  upon  the  plate,  but  not  angular  moments.  Eatwell  [6]  and  Mace  [7] 
have  included  angular  displacements  or  rotations  of  the  rib-stiffeners  and  the  extension  is  not  difficult.  For 
simplicity,  though,  this  analysis  neglects  angulu  displacements  of  the  stiffeners  and  the  angular  moments  their 
displacements  produce.  The  time  variation,  e~*^,  of  all  of  the  applied  loads  is  suppressed  throughout  the 
analysis. 

Given  the  above  conditions,  the  governing  equation  of  motion  for  the  surface  displacement  of  the  plate, 
w(x,y),  is 


-  nKo2w(x)  =  Pe(x)  -  Pa(x)  -  {Pi(x)  -H  P2(x)}, 


(1) 


where  D  is  the  plate's  rigidity,  m  is  the  plate's  mass  per  unit  area,  and  co  is  the  applied  excitation  frequency. 

The  external  pressure  due  to  the  applied  line  force  is  denoted  Pe(x)  and  die  acoustic  pressure  acting  on  the 
upper  surface  of  the  plate  is  Pa(x,0).  The  total  pressure  exerted  by  all  of  the  sets  of  rib  stiffeners  are  Pi(x)  and 
P2(x). 

Equation  (1)  is  transformed,  term  by  term,  using  Exponential  Fourier  transforms,  which  are  defined  as 


and 


w(k)  =  J  w(x)  e^l'^dx, 

—OO 

oo 

w(k)=-^  f  ^/Ckleil^yk. 

27C  — oo 

Equation  (1)  can  be  inunedlately  transformed  and  the  result  is  given  as 
(D1c4  -  m(o2)  w(k)  =  Pe(k)  -  Pa(k)  -  {Pi(k)  p2(k) }. 


(2) 
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where  the  ~  denotes  the  transformed  expressions. 

The  transform  of  the  external  pressure  due  to  the  applied  line  force,  which  acts  along  a  line  parallel  to  the 
rib-stiffeners,  at  some  distance  xo,  with  constant  force,  Fo,  is  simply 

Pe(k)  =  Foe-‘l^xo.  (3) 

The  acoustic  pressure,  Pa(x,0),  applied  to  the  plate's  upper  surface  is  determined  in  the  usual  manner,  i.e., 
through  the  acoustic  wave  equation  and  the  condition  of  continuity  of  momentum  at  the  interface  of  the  plate  and 
the  fluid  medium.  The  transformed  response  of  the  fluid  loading  pressure  is  well-documented,  Junger  [8],  and 
can  be  written  as 


Pa(z.k) 


-ipQO)^  w(k) 


*Vko"k^ 


|k|<ko 


Pa(z,k)  = 


-poa)2  W-fk) 


|k|2ko. 


where  kp  =  ^,  which  is  the  acoustic  wavenumber. 

Subsdtuting  these  values  into  the  inverse  transform  integral  for  the  physical  radiated  pressure  from  the 
fluid-loaded  stiffened  plate's  surface  gives 


Pa(x,z) 


__ipo^  w(l() 


eilfxdk. 


The  transformed  acoustic  pressure  acting  on  the  surface  of  the  plate  is 

rs  ,nuN_-|PQ^(k) 


Pa(0,k)  = 


lkl<ko. 


Pa(0Jc)  = 


-pQOpwfk) 


I  k  I  >  kp. 


It  is  assumed  that  the  reaction  force  produced  by  each  rib-stiffener  acts  over  an  infinitely  narrow  region 
and  each  set  of  stiffeners  produces  a  total  reactive  pressure  of 

OO 

Pi(x)  =  -  I  mi' a)2ui(x)  6(x-nl),  (6a) 

n=-oo 


P2(x)  =  -  I  m2'  («)2u2(x)  5(x-(nl+A)),  (6b) 

n=-» 

where  mf  and  m2'  are  the  mass  per  unit  length  of  each  of  the  rib  stiffener  sets.  The  displacement  of  each  set  of 
rib  stiffeners  is  denoted  ui(x)  and  U2(x). 

Both  of  the  above  equations  are  transformed  with  respect  to  x  and,  assuming  the  order  of  integration,  may 
be  interchanged  with  the  summations,  the  following  is  obtained: 

00 

Pl(k)  =  -mi'  (1)2  X  w(nl)  e-i*'”!,  (7a) 


p2(k)=-^n2'(o2  Iw(nl+A)e-«l'(nl+‘!^),  (7b) 

n=-«* 

Notice  that  the  plate's  displacement,  w(nl)  and  w(n|+A),  has  been  substituted  for  the  displacement  of  the 
rib's  displacement,  u(ni)  and  u(ni-i-A),  since  the  plate  and  ribs  are  rigidly  attached  at  "n  =  nl  and  xn  =  n  i-i-A. 
Also  notice  that  equations  (7a)  and  (7b)  are  not  in  terms  of  the  transformed  variable,  k,  but  are  in  terms  of  a 
physical  displacement  variable,  ni  and  nt-t-A. 


By  introducing  a  new  transfoimation  domain,  denoted  as  the  ^  domain,  manipulations  may  be  performed 
to  write  equations  (7a)  and  (7b)  in  terms  of  the  wavenumber,  k. 

The  manipulation  is  accomplished  by  introducing  the  transform  shown  below: 

w(nl)=;^  f  w(Oe‘C(nl)dC.  (8) 

Substituting  equation  (8)  into  equations  (7a)  and  (7b)  and  incorporating  Poisson's  summation  formula  gives 

p,(k)«z!^  "w(0{y  Z5(C-(k-3j5^))}dC,  (9a) 


2jt 

-nyi'ofi 


P2(k)=-^^  J°w(0  {YeiA(C-k)  1 8(C-(k+^ ))  )  dC, 


(9b) 


2n  ‘  n=- 

Interchanging  the  order  of  the  summation  and  integration,  the  integrals  of  equations  (9a)  and  (9b)  can  be 
evaluated  exactly,  yielding 


Pl(k)  =  Ki  iNvdc  +  nki) 


n=-« 


P2(k)  =  K2  Z  w(k  +  nki)e*"'%^, 
n= 

'"here  _m,.co2 
Kl=— i — 


(10a) 

(10b) 


K2  = 


-m2'(o2 

1 


1,  27t 

kl=T 


Note  that  k|  is  a  constant  wavenumber  corresponding  to  the  periodic  inter-rib  spacing,  1.  The  other  terms,  Kj  and 
K2,  represent  the  dynamic  mass  of  the  attached  rib  stiffeners. 

Substituting  all  of  the  transformed  external  pressures,  equation  (3),  equations  (Sa)  and  (Sb),  equations 
(10a)  and  (10b)  back  into  equation  (2)  yields  the  fluid-loaded  stiffened  plate's  wavenumber  response,  though  not 
in  an  explicit  form,  i.e., 

oo  ee 

w(k)=F(k)-KiY(k)  Z  w(k  +  nkj)  -  K2Y(k)  Z  w(k nki)e‘hinA.  (H) 


n=- 


n=- 


where 


F(k)  = 


Foc-ikJto 

S(k) 


Y(k)  = 


S(k)  • 


.  D(k4-kb) 


ipo(o2 


S(k)  = 


V 


k^-kZ 


D(k4-k^ 


mtflZ 


lkl<ko 


Ikisko, 


and  kb  =  -1^,  the  free  "in  vacuo”  plate  wavenumber.  Note  that  if  additional  sets  of  rib  stiffeners,  of  different 
size  and  of^t,  had  been  included,  equation  (11)  would  simply  become 


»(k)  =  F(k)  -  Y(k)  {  Z  (Ki  +  K2  e^kiAi  + ...  +  Kn  e'"hlAN-l)  w(k  +  nki)  } . 

n=-oo 


(12) 


The  difficulty  now  lies  in  determining  an  explicit  expression  for  the  plate's  wavenumber  response,  w(k). 
That  is,  it  is  necessary  to  manipulate  equation  (11)  such  that  the  summations  that  contain  the  wavenumber 
response,  ^(k  +  nk|),  must  be  written  in  terms  of  known  quantities. 

The  following  summation  expressitms  are  defined,  where  the  subscript  p  denotes  the  integer  value  in  the 
summation  exponent. 
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H'p(k)s  iw(k  +  nki)c^^P. 
n=-oo 

Fp(k)s  5:F(k  +  nki)c‘‘^^P 

n=-oo 

ypWs  iY(k  +  nki)e^^P 


Each  summation  dcEned  above  has  the  following  key  property: 

Gp(k  +  mki)  =  Gp(k)  c"‘"^P^ 

The  expression  for  the  summed  plate  response,  lYp(k),  is  substimted  into  equation  (1 1)  and  yields 

w(k)  =  FCO  -  K, Y(k)  lYoik)  -  K2Y(k)  H'i(k).  (13) 

To  explicitly  solve  for  w(k)  in  equation  (13),  let  k  =  k  -i-  k|m,  and  sum  both  sizes  of  equation  (13)  over  all  m, 
which,  considering  the  above  relationship,  yields 

H'0(k)  =  fo(k)  -  Kiyo(k)W'o(k)  -  K2y_i(k)lYi(k).  (14) 

Returning  to  equation  (13),  both  sides  are  now  multiplied  by  e^kltn,  the  substitution  k  s  k  +  ktm  is  made, 
and  both  sides  are  summed  over  all  integers  m,  which  yields 

lYl(k)  =  f  i(k)  -  Kiyi(k)lYo(k)  -  K2yo(k)H'i(k).  (15) 

Equations  (14)  and  (IS)  are  solved  simultaneously  for  IVb(k)  and  lyi(k)  and  are  substituted  back  into 
equation  (13).  Hence,  the  explicit  wavenumber  response  of  the  fluid-loaded,  infinite  flat  plate  having  two  sets  of 
attached  rib  stiffeners  is 
iv(k)  =  F(k)-Y(k)* 


f  K2(l-^Kiyo(k))  Fi(k)+  Ki(H-K2yo(k)) Fo(k)  - K1K2  (Fo(k)yi(k)  Fi(k)y-i(k))  j 

1  +  (Ki+K2)yo(k)  +  KiK2(y^(k)  -  yi(k)y_i(k)) 


For  the  special  case  of  identical  rib  stiffeners  spaced  periodically  with  distance  |  (for  example  K2  =  0.0),  equation 
(16)  simplifies  to 


»(k)  =  F(k)- 


Y(k)KiFo(k) 
1  +  Kiyo(k)- 


(17) 


Each  additional  set  of  rib  stiffeners  introduces  an  additional  summation,  lYpik),  which  must  be  solved 
simultaneously  with  the  other  summation  terms  to  obtain  the  explicit  form  of  the  plate's  wavenumber  response. 
For  example,  ten  independent  rib-stiffener  sets,  nine  of  which  have  different  offset,  would  generate  ten  equations 
in  ten  unknowns,  IVo(k),  M'i(k), ....  iy9(k). 


FAR-FIELP  ACOVSHC  RADIATON 


The  inversion  integral,  equation  (4),  may  be  evaluated  in  the  far-field  by  introducing  a  cylindrical 
coordinate  transformation  and  employing  the  method  of  stationary  phase,  Junger  [8].  The  stationary  phase 
asymptotic  expansion,  for  an  applied  line  force  is. 


P(R,e)- 


-P0(i)7w(lc) 

lyjRkoK 


Hie  geometric,  material,  and  acoustic  fluid  pretties  used  for  the  numerical  calculations  are  given  in  Table 
1.  Two  configurations  are  considered,  i.e.,  the  BASELIHE  design  and  the  ALTERNATE  design.  Both  config¬ 
urations  will  be  compared  to  each  other  and  with  an  unstiffened  plate,  which  is  simply  referred  to  as  an 
UNRIBBED  configuration.  Throughout  this  section,  as  an  aid  to  the  reader,  the  configurations  will  be  capitalized. 

1145 


Tabic  1.  Geometric,  Material,  and  Acoustic  Properties 


i 

f 

« 

I 


I 

I 


I 


C«)iB£gigai)Prppcm«j 

Plate  Thickness  (h) 

Periodic  Rib  Spacing  (/) 
Baseline 
Alternate 

Cross-Sectional  Rib  Area  (a  x  b) 
Baseline 
Alternate 


0.0254  m  (1.0  in.) 

0.6035  m  (23.75  in.) 
0.30175  ni(11.8  in.) 

0.004215  m2  (6.5  in.2) 
0.001935  m2  (3.0  in.2) 


Material  Properties: 

Young's  Modulus  (Steel,  E) 
Modulus  Loss  Factor  (Steel,  t]) 
Density  (Steel,  ps) 

Poisson's  Ratio  (Steel,  v) 


19.S  I0>0pa(27.7  lO^psi) 
-0.02 

7.7  103kg/m3(4751bf/ft3) 
0.28 


Fluid  Properties: 

Density  (Water,  po)  1 .0 103  kg/m3  (62  Ibf/ft^) 

Sound  Speed  (Water,  cq)  1.5  103  m/s  (4921  ft/s) 


The  magnitude  of  the  line  force  is  1  kN  (224  IbO.  and  the  force  is  applied  directly  beneath  a  rib-stiffener  at 
the  plate's  oripn.  The  frequencies  of  excitation  were  chosen  as  250  Hz,  500  Hz,  1000  Hz,  and  2000  Hz.  All  of 
these  frequencies  are  below  coincidence  for  the  plate  investigated. 

Hgures  2  through  5  are  directionality  patterns  that  show,  in  decibels,  the  difference  in  far-field  sound 
pressure  level  of  the  BASELINE  and  ALTEIU^ATE  plate  configurations,  with  and  without  periodic  offset, 
relative  to  the  UNRIBBED  plate.  The  directionality  refers  to  the  change  in  the  magnitude  of  the  radiated  pressure 
with  variation  of  polar  angle,  0.  The  angle  varies  from  -89  degrees  to  89  degrees  at  a  fixed  radial  distance,  R,  of 
1  meter.  For  all  of  the  figures,  the  applied  line  force  is  fixed  at  the  plate's  origin. 

For  the  UNRIBBED  plate,  the  radiation  pattern  in  omnidirectional,  showing  no  preference  for  radiation  at 
any  angle,  for  frequencies  less  than  the  coincidence  frequency.  At  coincidence,  which  for  the  UNRIBBED  plate 
is  approximately  9800  Hz,  the  radiated  pressure  becomes  strongly  directional. 

Figure  2  illustrates  the  directionality  pattern  of  the  BASELINE  plate  at  a  frequency  of 250  Hz.  As  might 
be  expected,  the  low  frequency  radiation  charactoistics  of  the  BASELINE  and  UNUBBED  plates  are  similar. 
Both  configurations  radiated  pressure  equally  in  all  directions  at  low  frequency,  with  the  ribbed  BASELINE  being 
only  a  moderately  stronger  radiator  than  the  UNRIBBED  plate. 

At  2,000  Hz,  the  directionality  pattern  shown  in  lugute  3  shows  a  strong  dependence  of  acoustic  radiation 
with  direction.  The  BASELINE  design  is  no  longer  omnithtectional.  Radiation  pe^s  ate  seen  at  approximately 
±5  degrees;  nulls  occur  at  ±10  degrees.  Notice,  over  much  of  the  angular  space,  the  BASELINE  design  radiates 
less  acoustic  pressure  into  the  far-field  than  the  UNRIBBED  plate. 


>$0 


^(DEGREE) 


$0 


I 

10 


Fig.  3.  Directionality  pattern  showing  the  difTerencc  in  the  far-field  radiation  of  the  BASELINE  plate 
relative  to  the  UNRIBBED  plate  at  a  frequency  of  2000  Hz. 


At  2,000  Hz,  as  shown  in  Figure  4,  the  radiation  pattern  of  the  ALTERNATE  plate  relative  to  the 
UNRIBBED  plate  is  strongly  directional.  The  overall  pattern  shown,  with  a  radiation  peak  at  0.0  degrees  or 
normal  to  the  plate's  surface,  is  similar  to  that  sliown  at  500  Hz  for  the  BASELINE  plate  in  Figure  5.  Notice  in 
Figure  4,  except  for  a  narrow  angular  region  centered  about  0.0  degrees,  the  ALTERNATE  plate  radiates  less 
sound  than  that  which  is  radiated  by  the  UNRIBBED  plate  for  an  excitation  frequency  of  2,000  Hz. 

Figure  3  compares  the  directionality  patterns  of  the  BASELINE  plate  and  a  ”30%  shifted"  BASELINE 
plate,  both  relative  to  the  UNRIBBED  plate,  at  an  excitation  frequency  of  500  Hz.  The  ”30%  shifted” 
BASELINE  plate  has  an  offset,  A=1.3(^)  which  produces  overall  nonperiodic  frame  spacing. 

The  radiation  patterns  for  the  penodic  rib  pacing  given  by  the  BASELINE  and  ALIERNAIE 
conflgurations  all  were  symmetric  in  polar  angle  about  the  applied  line  force.  It  is  apparent  .then,  in  Figure  5  that 
the  ”30%  shifted”  BASELINE  conflguration,  which  has  nonperidoic  rib  spacing,  is  slightly  unsymmetrical  at  500 
Hz  with  a  narrow  radiation  peak  that  occurs  at  approximately  2  degrees. 

Many  investigators,  such  as  Gorman  [9],  Romanov  [1],  and  others,  have  recognized  that  the  plate's 
internal  structural  damping  alters  the  magnitude  of  the  radiated  acoustical  pressure  from  that  of  a  stiffened  plate. 
Increasing  the  structural  loss  factor.q,  will  decrease  the  magnitude  of  tlie  radiation  peaks,  while  decreasing 
damping  will  increase  the  magnitude  of  these  radiation  pedis.  The  effect  is  noted  here,  thoii;f,h,  in  typical 
engineering  applications,  a  plate  material  is  specified  b  other  considerations  and  ihe  structurai  damping  factor  is 
fixed.  Hence,  it  is  unlikely  that  this  effect  can  be  exploited. 


Fig.  4.  Directionality  pattern  showing  the  difTerencc  in  the  far-field  radiation  of  the  ALTERNATE  plate 
relative  to  the  UNRIBBED  pLtte  at  a  frequency  of  250  Hz. 


-«0  -M  0  MW 
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Fig.  5.  Comparison  of  the  diitctimality  patterns  of  the  BASELINE  plate  and  the 
"30%  shifted"  BASELINE  plate  at  a  frequency  of  SOO  Hz. 


comusiONs 

It  was  shown  in  Figure  4,  the  ALTERNATE  configuration  at  2,000  Hz,  that  less  far-Held  sound  is 
radiated  from  the  stiffened  plate  than  from  the  unstiffencd  plate  over  most  of  the  angular  radiation  space. 

Therefore,  the  .attachment  of  rib-stiffeners  to  a  plate  may  r^uce,  at  selected  firequencies,  the  radiated  sound 
compared  to  that  generated  by  an  unstiffened  plate. 

All  of  the  directional  radiation  patterns  of  the  periodic  stiffened  plate  were  symmetric  in  polar  angle.  For  an 
offset  which  introduced  nonperiodic  spacing,  the  directionality  patterns  were  no  longer  symmetric  It  would 
appear  that  the  stiffeners  may  act  as  an  array  of  sources  radiating  pressures  that  constructively  and  destructively 
interfere  in  the  far-field.  A  reconnuendation  for  future  work  would  be  to  determine  whether  an  equivalent  source 
stitngth  for  a  rib-stiffener  could  be  obtained  and  used  as  an  acoustical  source  in  an  array  of  sources,  'fhe 
directionality  patterns  given  here  could  then  be  compared  to  those  generated  from  an  array  of  equivalent  sources. 
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j  ABSTRACT 

I  MMliod  ol  ctfculalfig  or  tound  YAiiimliSon  Ioh  ty  usng  loyorod  houtuigt  wWi  dHToroirt  vltoowi 

I  and  alatlic  ItyarM  of  arbitrary  tbapt  !*  davalopad.  Tha  dynamic*  of  layara*  i*  datcrOad  by  moan*  of 

*1  correct  rcMon*  of  olatMeNy  withoiit  SmpllficHlon*.  Tha  affacthmna*  of  the  ttructirc  I*  mcatiirad  by 

I  anergy  flow  nwthod  llko  docerlbod  by  M.Crocfcor. 

i 

THEORETICAL  MF'THOO 


When  wo  have  r.  olartic  layor  In  a  pakago  of  layer*  tion  It*  garmonical  vibration*  can  ba 
daterlbod  by  moan*  of  ma(v»  proaonlallon.  Lot  a*  bilroduco  a  vaetor  8 1  : 


Bi  < 


V,i 

V,i 

% 

Pi 


TM*  moan*  lb*  boondary  condNon*  on  on*  «ld*  of  lb*  layar.  Than  on  Iba  oSior  old 
tMekn***  b  w*  bav*  8  >  <  b ) ,  which  I*  oonnootod  witi  B  t  by  rotation : 

Bf(b)-  Bi  S  , 

wbar*  S  I*  Si*  YantWon  matrix.  It*  alomant*  ai*  wa  daiarminad  aarllar  in  p] : 


(1) 

of  lb*  Iwar  * 
(2) 


s- 


1 

•ii 

til 

*11 

1 

[-r] 

*11 

M 

1 

k’h'llil  1 

-r-\ 

*41 

•41 

[-^1 


*14 

*41 

1 


(3) 


Wbar* 


*ij*  *i4»  ■jtTJT'*****  • 

.  Ikh*  i+  n 

ail-  ai4-  -»»  . 
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•*i  •  *41  “  llth  I 
Ikh 


M : 


For  the  mrtiolo  pakag*  which  hat  N  li^rt  the  rotuMhg  trantltton  matrix  x  It  ; 


i-n  S"- 

tl*1 


(4) 


K  It  nccottary  to  note  lhattho  matrix  (3)  daterlbat  ar»ltr.;ry  motion  of  Mn  Wtcoolathc  layer  and  whan 
«w  tuppoaa  Pi  -  P«  -  ri-  ri«  0  than  from  Ei|*-(2)  ono  can  obtain  a  dliportiva  aquation  of  fra* 
vibrallont  of  Ih*  tayar.  Tlia  vltcoutity  It  dtaertoad  by  i/  troduelng  imaginary  paiit  In  paramatart 
Lam*  i.M  : 

j-it(l-lyi).  /I  -  lit  (1  *■  I  a  1)  •  (S) 

whort  vltcout  coofflelam*  9  1  and  ^  t  may  bo  function*  of  -  . 

Whan  wt  hava  Into  lb*  pakag*  a  Iquid  or  gat  Ipyar  than  for  It  tha  trantitlon  matrti  It; 


eo*(qh} 

eaa# 


,-IlLahlco,. 


(•) 


-cow- 

Kara  :  q  •  («*/  c*  -  k*)  e  -  tound  voloctty  In  contMorod  laytr,  and  a  -  aretg  (  <•  /  t)  '  tha 
hicldant  angl*. 

For  tbi*  cat*  ; 

»i-»j-0.  (7) 

and  du*  to  thi*  condition  wo  obtain  from  vactor  B  i.t  a  voclor : 

A,.,- 1  •  <•) 

which  It  nacottary  In  calculanng  th*  tound  trantmmon  through  ttia  liquid  laytr. 

Rolatlv*  to  hi*  IncMont  tound  wauo  Pi-ltR,  Vni-cV^dcl-R  >cot*  ,  and 
P>-  0,  Vnt-  (V^c)O  coat,  whara  R  I*  tha  raflacHon  amplltud*,  and  D  It  hi*  ranimitlon 
amplltudt,  do  -  ( V  ,)  R*  (  P  I  ■  v 


CONCLUSION 

WHh  tha  help  of  tpacial  toflwar*  batad  on  dtaerlbad  abova  algorithm  w*  can  eatealata  tound 
trantmltaton  h.  rough  arbhrary  pakag*  of  liqrart  and  mNtt  tb*  optimlxtSon  hi*  tound  Intoiahon  of  a 
parlKlon.  Vtfoon  Ui*  parhhon  It  of  wNadrlcN  thap*  w*  dtvalopad  our  mahiod  on  Ih*  cat*  of  cylIndrIcN 
li^rt  [2J. 
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ABSTRACT 

Sound  radiation  by  an  arbitrary  structure,  affected  by  discontinuities 
is  analysed.  A  discontinuity  strongly  influences  the  structure  radiation, 
small  inhomogeneity  being  not  a  sign  of  slight  variations  of  the  acoustic 
field.  Its  effect  depends  on  the  <H*actor  of  the  structure  and  its  kind. 
A  structure  can  have  too  many  discontinuities  that  influence  its 
radiation.  Therefore  one  must  search  for  a  simple  qualitatiye  solution 
rather  than  complicate  the  calculation  scheme  by  additional  terms.  This 
report  is  concerned  with  such  qualitative  analysis. 


INTRODUCTION 

The  sound  radiation  by  structures  is  of  interest  for  noise  control. 
One  of  the  possible  methods  to  solve  the  structure  sound  radiation 

froblem  is  the  method  of  limited  differences.  Evidence  short- coming  of 
his  method  is  its  complexity  caused  by  a  great  number  of  coupling 
elements.  Moreover  it  is  difficult  to  interpret  results  obtained  and  to 
prognosis  of  these  variations  under  the  alternation  of  the  structure 
construction. 

Because  of  that  it  is  more  convenient  separate  the  structure  by  sinqrle 
subsystems  that  can  have  arbitrary  wave  size  and  analyse  their  coupling 
[1.21.  If  in  the  sound  radiation  some  one  of  the  subsystems  predominates, 
other  subsystems  can  be  described  as  discontinuities.  This  important  case 
is  analysed  in  the  present  paper. 

The  most  interesting  frequency  region  includes  frequencies  up  to 
where  is  the  sound  wavelength  and  L  is  the  characteristic  size  of  "the 

structure  noise  active  element.  Radiation  losses  in  this  region  are  small 
in  comparison  with  the  structural  damping.  Therefore  radiation  on 
resonance  can  have  the  great  magnitude.  At  frequency  sound  radiation 

of  the  structure  is  equlval«it  to  the  superposition  of  multipole 
radiation.  The  contribution  of  each  multipole  decreases  as  its  order 
grows  [31.  Sound  radiation  is  determined  by  a  small  order  of  multipole 
sources,  while  the  vibration  field  is  determined  by  the  highest  multipole 
orders.  Hence,  the  discontinuities  that  causing  elastic  wave  scattering 
can  lead  the  energy  canalization  from  high  to  low  order  of  multipole. 


iisi 
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RESULTS  AND  DISCUSSION 


Now  we'll  obtain  the  conditions  of  sound  radiation  increasing  under 
the  presence  of  discontinuities  and  determine  the  class  of  structures 
that  are  more  sensible  to  them. 

Let  us  have  complete  information  about  homogeneous  structures  (natural 
frequency  and  form  of  vibration  modes,  acoustic  impedances,  etc. ).  Using 
the  method  of  small  disturbances  one  can  represent  a  normal  component  of 
velocity  as  an  asyiq)totic  row: 

i(f)=  ...  ,  (1) 

where  the  j-th  term  has  the  order  0(0^)  and  is  the  iq)edance 
of  discontinuity  (its  wave  size  is  assumed  less  than  t),  is  the 

characteristic  impedance  of  structure. 

A  nonresonant  coi^nent  weakly  depends  on  6  if  Therefore,  a 
corresponding  equation  for  the  acoustic  power  of  the  structure  with 
discontinuities  has  the  same  form  that  for  a  homogeneous  structure: 


where  is  the  acoustic  inq)edance  of  modes  (m)  and  (Iq). 

On  resonant  frequencies  of  tM  structure  with  discontinuities  (u^^) 

the  resonant  coq)onent  of  radiation  is  determined  by  the  sum  of  the  own 
radiation  of  mode  (kj)  and  reradiaticm  by  discontinuities. 

».)■  <45’  *  “m  o> 

The  value  can  be  represented  in  the  following  form  (41: 

where  a,  p,  ^  have  orders  0(fiQ),  0(8^),  Q  is 

Q-f actor.  From  eq.  for  a,  p,  t  one  can  make  the  following  conclusions 
(see  Appmdix): 

1.  ff  ih.  1VS5’  ratio  can  have  a  great 

magnitude.  Tterefore  it  is  possible  to  enrich  radiation  frequ«)cy 
response  characteristics. 

^  A  dissipative  discontinuity  (a  term)  changes  the  radiation  level 
stronger  than  the  inertial  one. 

3.  A  single  (it-l)  discontinuity  always  increases  radiation  while  in 
case  (ml)  both  increasing  and  decreasing  are  possible. 

Now  we'll  analyse  the  siq>lest  case  of  single  inertial  discontinuity 
and  determine  the  conditions  under  which  the  increasing  of  radiation 
takes  place.  In  ref.  (51  the  exiv-ession  for  effective  value  of  radiation 
resistance  was  Obtained: 


(4) 


where  is  the  mass  of  discontinuity  to  mode  mass  ratio,  are 

the  natural  frequencies,  i^^(l)  are  eigen  functions,  A  is  the  point  of 

excitation,  B  is  the  point  of  discontinuity  localization. 

Note  that  the  radiation  increase  is  possible  only  in  case  when 
radiation  resistances  (1^^)  are  less  than  structural  resistances.  Already 
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this  condition  restricts  the  nuaber  of  cases  which  are  worth  analysing. 
The  Host  iBq)ortant  cases  are  cases  where  sound  radiation  is  deterained  oy 
slow  flexural  waves. 

In  the  case  discontinuity  leads  to  decrease  of  vibration  aa^Utude 
because  the  structure's  input  i^>edance  increases.  In  the  case  the 

input  ig9>edance  increases  as  the  first  power  of  while  (I^^)  increase 

as  the  second  power  of  Hence  we  can  always  search  for  that 
corresponds  to  equal  values  of  these  teras.  Froa  the  other  hand 

aust  be  less  than  a  unit.  Froa  this  condition  we  deteraine  the  highest 
possible  aagnitude  of  I. 

One  can  be  convinced  that  the  radiation  level  growth  takes  place  under 
the  following  condition  (51: 

*1  Ai  ’  ^ 

where  is  the  frequency  nearest  to 
obtained  under  the  assinq>ti(Mi 

The  eq.  (5)  restricts  the  class  of  structures  whose  radiation  is 
sensibile  to  discontinuity.  Let  and  rewrite  (S)  in  the  following 


"i  Aj  ’ 


(6) 


where  G(u)  is  the  function  of  resonance  density.  Eq.  (6)  has  a  general 
fora,  that  allow  us  to  analyse  the  structures  of  different  kind. 

The  coaparative  analysis  for  beaas,  plates  and  shells  show  that  shells 
are  the  aost  sensibile  to  discontinuity.  Here  it  is  both  high  resonance 
density  and  strong  difference  between  radiation  resistances. 

Now  we'll  analyse  the  sound  radiation  dependence  on  the  distribution 
function  of  discontinuities.  For  siaplicity,  we  consider  sound  radiation 
of  a  fiat  plate.  In  a  aore  coaaon  case,  variations  are  qualitative  rather 
then  quantitative. 

The  space  spectrua  of  the  vibration  field  is  represented  as  follows: 


where  ^^(f)e9(if'lNII  is  the  fora  function. 

2 

The  expression  for  the  sound  radiation  has  a  fora: 


(T) 


I  ^ 


(i 


where  p^.  is  the  density  of  fluid  and  sound 
V  *^^0'  noraai  to  the  plate  surface 

force 

He  use  the  results  of  ref.  (61  and  rewrite  eq. 
f<X'a: 


(8) 


velocity,  respectively, 
Z,  t  is  the  exciting 

(8)  in  the  following 


liS? 


(9) 


^  y  eip(ilc^R)  PqC^S(IS) 

2*8  '  Z  „ 

where  8*/ z®  +  ,  lt^a»1 ,  K=k^z/8. 

One  can  see  from  eq.  (9)  that  the  sound  radiation  is  proportional  to 
characteristic  impedance  ratio.  Acoustic  impedance  depends  on  the 
magnitude  of  the  form-function  at  the  stationary  phase  point  of  the 
integral  (8).  It  is  evident  that  S(I)  corresponds  to  Ihe  square  of  the 
acoustic  active  region. 

Under  S(l)  definition  it  is  the  convolution  of  Fourier  transforms  of 
function  and  the  weight  function  9(i).  Function  is  the 

prolongation  of  iti^  (I)  on  the  infinite  plane,  e(l)=1  if  i  «  2  and  e(i)=0 
outside  2  region.  In  the  case  of  the  structure  with  discontinuities  whose 
mass  distribution  is  given  by  expression  where  the 

eigen-functions  of  such  system  have  the  following  form  16): 

Therefore  the  form-function  can  be  expressed  by  the  convolution  of 
three  Fourier  transforms: 

ft 

If  the  radiation  is  caused  by  slow  flexural  waves,  G((|))»C.  Hence  the 
cause  of  radiation  is  either  edges  (0  function)  or  discontinuities 
function).  The  width  of  the  space  spectrum  increases  proportional  to  the 
width  of  0,  #  spectra.  Thus  one  can  state  that  the  greatest  alternation 
of  sound  radiation  pattern  talces  place  for  a  single  local  discontinuity. 
We  note  that  similar  results  were  obtained  earlier  by  an  other  method  of 
analysis  (eq.  3). 

In  conclusion,  we  represent  the  results  of  calculation  of  the 
frequency  response  (FR)  characteristic  of  a  cylindrical  shell.  A  steel 
.shell  of  finite  length  is  submerged  in  water.  The  parameters  of  the 
shell-  ya=5,  11/8*0. 017  (i=100,  M=1»  of  the  total  mass  of  the  shell  (L  is 
the  shell  length,  )i  is  the  shell  walls  thicicness).  A  thin  line 
corresponds  to  tO  case,  while  a  thick  line,  to  M»1*.  On  the  first  hand 
we  point,  that  the  FP  is  enreached.  The  high  order  multipole  modes  of  the 
vibration  field  are  displaysd  in  radiation.  Here  the  radiation 
directivity  of  appearing  peaks  has  a  simple  dipole  shape  and  doesn’t 
depend  on  the  order  of  the  vibration  field  mode.  It  means  that  the  energy 
is  canalized  by  dipole  modes.  Moreover,  one  can  prove  that  the 
directivity  coincides  with  the  characteristic  directivity  that  has  a 
simple  dipole  shape  in  the  frequency  range,  which  corresponds  to  Fig.:  1 


SUMMARY 

Now  we  formulate  the  main  results  of  our  paper. 

1.  It  was  shown  that  discontinuity  can  be  the  cause  of  extremely  high 
level  of  noise  and  the  mechanism  of  radiation  increase  was  explained. 

2.  The  conditions  of  radiation  increase  were  obtained  and  the  class  of 
structures  whihc  are  the  most  sensible  to  discontinuity  was  determined. 

3.  The  influence  of  discontinuity  distribution  was  analysed.  A  single 
local  discontinuity  leads  to  the  most  alternation  of  radiation  pattern. 

All  these  results  can  be  used  for  the  rough  estimation  of  sound 
radiation  level.  The  eq.  (4)  allow  us  to  evaluate  the  contribution  of  the 
each  channel  of  energy  canalization..  Thus  we  can  determine  the 
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directivity  of  sound  radiation  from  structures  with  discontinuities. 

Authors  believe  that  their  results  can  help  to  solve  of  the  important 
problem  of  human  protection  against  high  level  noise. 


Fig.  1— Frequency  respons®.  Y«*P/(  ik^F/lnr)  (dB) 
Line  I  corresponds  to  homogeneous  sl^Il; 

Line  2  -  the  shell  with  mass  M=l*/. , 


REFERENCES 

1..  Maidanik  G., ,  Mwa  L.J.  "Response  of  coupled  basic  one-dimensional 
dynamic  system",  J.  Sound  Vibr. ,  ill,  N3,  1966,  361-375. 

2.  Maidanik  G. ,  Dickey  J.  "Response  of  coupled  one-dimensional  dynamic 
system",  J.  Sound  Vibr. ,  lai,  N2,  1968,  P.  l87-w. 

3.  Skudrzyk  E..  The  Foundation  of  Acoustics.-  Springer,  Vienna,  1968. 

4.  Korotin  P. I.,  Lebedev  A. V.  "Sound  radiation  by  inhomogeneous 
mechanical  system  with  disti-ibuted  parameters",  Vibroacoustic  fields  of 
complex  objects  and  their  diagnosics.  Collected  art.  ed.  B.  M.  Salin,  Ins. 
Appi.  Phys.  Ac.  Sci.  USSR,  Gorky,  1969,  8-33,  (in  russian). 

5.  Lebedev  A. V.  "Influence  of  local  inertial  inhomogeneity  on  the 

sound  radiation  of  complex  mechanical  system",  Akust.  J.  36,  1989, 

689-695,  (in  russian),  Sov.  Phys.  Ac.  36,  1989  (in  english). 

6.  Skudrzuk  E.  Simple  and  Complex  Vibratory  Systems,  Pennsylvania 
State  U. P. .  State  College,  PA,  19M. 

7.  Lebedev  A. V.  "The  peculiarities  of  the  sound  radiation  by  thin 
cylindrical  shells  of  finite  length".  Preprint  N253,  Ins.,  Appl.  Phys. , 
Ac.  Sci.  USSR,  Gorky,  1990  (in  russian). 


1155 


APPENDIX 


The  a,  p,  7  values  are  determined  by  the  following  expressions  (il: 


a  »-  2 


kj 


T=-j 


'  Xqi*  ps1  r=1 
ki 


-S-Il 

Un, 

ki 


where  uj^^,  are  natural  frequncies  and  decrements  of  the  structure 

With  discontinuities,  is  the  number  of  discontinuities. 

The  angle  parentheses  mean  the  scalar  multiplication  operation.  All 
equations  were  obtained  under  condition  (8^^  -  Kroneker 

symbol ). 
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ABSTRACT 

A  new  approach  and  fait  numerical  algorithm  baaed  on  the  Equivalent  Sources  Method  are  presented 
for  solving  the  radiation  problem  of  a  forced  vibrating  structure  in  medium  for  the  case  of  known  linear 
operator  describing  the  elastic  souiface  vibrations  in  vacuum.  It  is  obtained  the  one-step  solution  to 
this  problem  with  controlled  accuracy.  In  this  way  both  the  structure  surface  vibration  in  medium  and 
the  sound  field  are  described  by  the  sattK  system  of  functions  —  Green’s  functions  of  simple  sources, 
placed  inside  the  structure.  This  algorithm  is  mathematically  backgrounded  and  its  peculiarities  are 
investigated  in  details.  The  answer  to  the  question,  how  to  choose  the  optimal  values  of  its  parametrers, 
is  obtained.  Several  new  results  are  presented  which  are  concerned  with  the  sound  energy  characteritics 
of  force  vibrating  beams  and  open  shells  with  known  lose  factor  and  their  dependencies  on  geometric  and 
physical  parameters. 


S 

I 

"f- 


1  INTRODUCTION 

In  various  branches  of  acoustics  it  is  often  required  to  solve  the  acousto-elastic  problem  of  sound  radiation 
from  a  finite  elastic  structure  vibrating  in  a  medium  under  the  action  of  Idnenutic  or  force  exitation. 
There  is  a  large  body  of  literature  on  the  problem  where  a  number  of  methods  have  been  proposed,  the 
Boundary  Element  Method  (in  combination  with  the  Finite  Element  Method)  being  the  most  commonly 
used  (see,  e.g.,[l]). 

Recently,  a  comparativily  new  approach  was  introduced  in  acoustics  for  treating  the  problem,  which 
accured  to  be,  from  numerical  point  of  view,  more  efficient  when  applied  to  structures  of  complex  geometry 
[2-9].  The  principal  idea  of  the  approach  is  in  replacing  the  structure  under  study  by  an  ensembly  of  pdnt 
sources  (equivalent  sources  —  ES)  located  inside  the  structure. 

This  Equivalent  Sources  Method  —  the  ESM  (in  the  American  literature  it  is  called  the  Method  of  Su¬ 
perposition  —  SUP)  was  proposed  in  1930-ies  by  V.D.Kupradse  for  obtaining  an  approximate  solution  of 
the  boundary  value  proUem  of  the  Neumann  or  Dirichlet  type[2].  It  was  widely  used  in  Russian  pubUicv 
tions  in  1960-70-ies  for  solving  the  Neumann  proUem  in  ^ectrostatics,  elastostatics  and  electrodynamics. 
There  are  several  works  of  this  period  where  the  method  was  mathematically  backgrounded  (see  review 
in  [3]).  The  extention  of  the  ESM  to  the  radiation  problem  for  a  farced  vibrating  body  (with  prescribed 
external  forcea)  was  given  in  [3].  It  was  shown  in  the  work  that  the  equivalent  sources,  with  properly 
defined  amplitudes,  are  good  modelling  not  only  the  radiated  sound  field  outside  the  structure  but  the 
structure  suface  vibration  as  well.  The  main  numerical  fsatures  of  the  method  were  also  investigated  in 
this  pi^r. 


1157 


The  fact  that  both  the  sttuctuie  vibration  and  the  sound  field  ate  described,  in  the  ESM,  by  the  same 
system  of  functions  (i.e.,  by  the  ES)  greatly  simplifies  the  corresponding  numerical  algorithms  and  reduces 
considerably  the  computation  time  (compared  to  the  commonly  used  methods).  Its  high  efficiency  was 
confirmed  in  the  paper  [8]  were  the  ESM  was  compared  with  the  BBM  in  the  scattering  proUem  for  elastic 
shells. 

There  is  one  more  important  feature  of  the  ESM.  It  has  a  controlled  accuracy,  and  one  can  easily  find 
the  necessary  compromise  between  the  accuracy  of  the  results  obtained  and  the  volume  of  computations. 

It  is  the  objective  of  the  report  to  show  how  to  choose  the  optimal  values  of  the  parameters  of  the  ESM 
algorithm.  Several  results  are  presented  which  ate  obtained  bythe  ESM  and  concern  the  sound  energy 
characteristics  of  forced  vibrating  beams  and  open  shells  with  known  loss  factor  and  their  dependencies 
on  geometric  and  physical  parameters. 

2  THE  ESM  ALGORITHM  AND  ITS  PARAMETERS 

The  mathematical  formulation  of  the  acousto-elastic  problem  is  as  foUows.Consideting  the  forced  vibrating 
structure  as  an  elastic  body  of  finite  sise  V  with  a  closed  surface  S  and  trying  to  predict  its  harmonic  field 
in  the  boundless  medium  one  has  to  find  a  solution  to  the  Helmholts  equation 

Ap-i-**p  =  0,  (1) 

satisfying  the  radiation  condition 

Umr(dp/cfr-»l!p)  =  0  (2) 

and  two  boundary  conditions  on  the  body  surface  5: 

Vn  =  (tuipy^dp/dn  =  V  on  5  (3) 

Lv-¥p  =  f  on  S  (4) 

Here  p  is  the  sound  pressure,  k  is  the  wave  number,  v  denotes  the  medium  particles  velocity  in  n-direction, 
V  denotes  the  elastic  body  particles  velocity  in  n-direction,  n  is  the  outward  normal,  L  is  a  livsar  operator 
dsKribing  the  elastic  structure  surface  vibrations  in  vacuum,  /  is  the  prescribed  external  force  acting  on 
the  structure  (factor  exp('twt)  is  suppressed).  In  thu  problem  the  amplitudes  of  surface  vibration  v  and 
pressure  p  are  unknown,  and  the  external  force  is  known. 

It  should  be  emphasised  that  the  known  operator  L  in  eq.(4)  is  defined  with  respect  to  the  structure 
surface.  It  might  be  a  differential  operator  (as  for  beams  and  thin  plates)  or  matrix  operator  resulting 
from  a  finite  element  procedure  after  eliminating  all  inner  degrees  of  freedom. 

let  us  consider  the  extention  of  the  ESM  to  the  acousto-elastic  problem  (l)-(4).  According  to  the 
ESM  one  must  approximately  represent  the  pressure  field  radiated  from  the  surface  5  by  a  sum  of  simple 
fields  generated  by  ff  point  sources  (monopdes  or  diprfies)  placed  inside  K  on  an  auxiliary  surface  So  or 
on  a  line  k  (  Fig.l.): 

N 

Pj9{r,  ry),  r,  €  So  (5) 

It  is  assumed  that  the  coordinates  ry  of  the  equivalent  sources  are  prescribed,  but  their  aoqrlitudes  my  are 
to  be  found.  The  Green’s  function  g  is  known:  e.g.  for  a  m<mopole  g(r,rj)  s  exptk|r  -  ry|)/4sr|r  -  ry|. 
The  modelling  sound  pressure  (5)  produces  on  S  the  normal  velocity  function 

(6) 

>■» 

where  hy  =  (tup)~^dg(a,rj)/dn  is  the  normal  velocity  created  on  5(s)  by  a  unit  source  at  the  pdnt  ry. 

The  pressure  in  the  form  (5)  satisfies  already  the  Helmholts  equation  (1)  and  the  radiation  conditions 
(2),  it  rests  to  satisfy  the  boundary  conditions  (3), (4).  Substituting  equatmns  (5)  and  (6)  into  these 
conditimis  one  obtains  on  5  approximately; 

/(») «  +yy(«)]  =  (7) 

>■! 
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ThuS)  the  unknown  amplitudes  are  to  be  found  as  a  coefficients  of  the  expansion  of  prescribed  function 
/  in  nonorthogonal  functions  hj(a)  and  gj{a).  The  fundamental  theoretical  result  underling  this  type  of 
expansion  is  that  the  functions  gj{a)  are  linearly  independent  and  form  complete  function  systems 
(in  the  least  mean  square  sence)  [1].  It  means  that  the  quadrati'-  functional 

(8) 

tends  to  sero  when  number  of  functions  encreases  {N  oo).  As  a  result  of  the  completeness,  every  finite 
function  /  on  5  can  be  expanded  in  these  functions  with  arbitrary  high  accuracy  depending  on  the  number 
ff.  Minimisation  of  the  functional  (8)  by  varying  nij  leads  to  the  system  of  N  linear  algebraic  equations 
for  N  unknown  amplitudes  of  the  equivalent  sources 

Ail  =  S,  (9) 

where  ft  =  {n\ . uti)  is  N-vector  of  amplitudes,  N  x  IV-matrix  A  and  AT-vector  F  have  the  following 

components: 

A  =  {A*>}  =  {|/  / b  *  {6^}  =  {|  // <bUdSh  (10) 

For  a  given  number  the  accuracy  of  the  field  modelling  (5)  can  be  estimated  with  the  hdp  of  the 
magnitude  of  the  functional  Jf.  The  minimised  value  of  functional  (8)  was  taken  as  a  measure  of  the 
accuracy  of  the  algorithm.  It  was  verified  by  some  test  calculations  that  the  computational  error  for  the 
sound  field  quantities  (pressure  and  particle  velocities)  does  not  exceed  this  error  in  boundary  conditions 
(8). 

If  the  model  parameters  m  are  found  from  the  Eq.9  and  if  the  calculation  accuracy  (the  conesponding 
values  of  J/  )  is  accepted  as  satisfactory,  then  both  the  acoustic  field  parameters  and  vibrating  amplitudes 
can  be  calculated  ea^y  with  the  help  of  the  representations  (5)  and  (6'. 

3  PROPERTIES  OF  THE  METHOD 

As  one  can  see  from  what  was  said  above,  the  ESM  sdution  is  composed  of  two  parts:  determination  of 
the  equivalent  sources  amplitudes  and  calculations  of  sound  field  characteristics. 

The  solution  of  the  system  (9)  is,  in  its  sense,  a  typical  inverse  problem  or  a  back  radiation  problem 
which,  as  a  rule,  is  associated  with  nonstable  numerical  algorithms.  For  the  given  case  it  was  investigated 
in  details  in  [3];  analytically  (for  an  infinite  cylinder)  and  numerically  (for  a  finite  cylinder).  The  main 
phisical  aspectes  are  as  follows.  When  the  given  fimction  /  to  be  expanded  in  series  (7)  on  S  are  smooth 
enough,  the  amplitudes  of  the  equivalent  sources  are  rather  small.  But  high  space  frequency  components 
of  these  functions  might  give  the  equivalent  sources  of  great  amplitudes  and  they  osdlate  over  the  auxiliary 
surface  (or  line  k)  with  high  frequencies.  It »  the  case  for  exan^le  when  the  given  functions  /  have 
random  experimental  or  numerical  errors.  Numerically  this  peculiarity  displays  itself  in  bad  conditioning 
of  the  matrix  A  in  equation  (9). 

The  next  peculiarity  of  the  method  is  that  the  high  frequency  oscillations  of  the  equivalent  sources 
does  not  show  itself  in  the  sound  field  outside  the  structure  surface  S.  The  reason  is  that  the  evanescent 
waves  generated  by  such  sources  decay  rapidly  and  practically  vanish  at  the  nearest  distance  from  5.  As 
a  result  the  whole  numerical  algorithm  of  the  ESM  demonstrates  the  stable  work  over  the  wide  range  of 
numerical  parameters  variance. 

The  accuracy  of  the  method  depends  most  of  all  on  the  parameters  of  the  auxiliary  surface  So  on  which 
the  ES  are  located.  Theoretically,  the  question  of  the  finding  necessary  surface  5o  is  not  investigated. 
Practically  it  can  be  found  as  a  compromise  between  the  computation  time  and  the  required  accuracy. 
Making  5o  closer  to  S  reduces  the  mat,  but  increases  the  number  N  and  the  computing  time.  (The 
computing  time  is  determined  by  the  time  of  inversion  of  NxN-ta^m  A).  Since  the  error  can  be  readily 
chedted,  the  necessary  combinatbn  of  accuracy  and  ccanputing  time  is  obtained  by  running  several  test 
calculations.  By  the  same  way,  one  can  avoid  an  icrease  in  the  error  at  the  natural  frequencies  of  the 
volume  envel(q[>ed  by  Sq, 

The  error  of  the  algorithm  stron^y  depends  on  the  discretisation  parameter  M  of  the  structure  surface 
S  and  on  the  number  N  of  the  ES.  It  should  be  noted  that  a  number  of  authors  (e.g.[7])  determine 


amplitudes  n  Iqr  the  collocation  method  {M  =  N).  We  have  found  that  in  some  cases  this  method  gives 
an  enot  of  thousand  percent  due  to  desctepancy  in  the  interstices  though  at  the  colocation  pmnts  the 
boundary  conditions  are  satisfied  almost  exactly. 

The  dependences^  on  it/  is  associated  with  the  accuracy  of  integration  in  Eqs.(lO).  Fig.2  presents  the 
typical  di^ams  of  decay  of  the  relative  error  A  =  while  the  number  M  increases.  It  is  useless 

to  increase  M  without  increasing  the  number  of  sources  AT.  The  optimal  discretization  number  Mo  of  the 
radiator  sourface  is  two  or  three  times  the  number  N:  Mo  =  2.SN. 

Typical  dependences  of  the  error  on  W  are  shown  in  Fig.3.  The  optimal  number  No  corresponds  to  the 
’  beginning  of  the  mildly  slopng  part  of  the  curve  li{N)  which  can  be  easily  obtained  by  several  testtest 
calculations.  It  is  worth  noting  that  the  accuracy  of  the  method  increases  as  the  frequency  gets  higher 
j  (see  Fig.3).  Other  properties  of  the  ESM  see  in  ItBl[3]. 

4  EXAMPLES 

'  In  the  acoustic  design  of  structures  the  most  important  are  the  energy  characteristics,  that  is  to  say,  total 
sound  power  flow  and  its  equivalent  —  radiation  impedance  or  admittance.  Fig.l  presents  some  structures 
!  for  which  all  these  characteristics  and  their  dependences  on  geometric  and  physical  parameters  have  been 
I  investigated  [3,4,9].  Here  ate  two  general  observations  concerning  these  dependences, 
j  It  is  surprising  how  strongly  the  total  power  flow  emitted  from  an  open  thin-walled  structure  depends 
j  on  the  thiclmess  of  the  structure.  As  an  example  Fig.4  shows  the  real  of  radiation  impedance  Re{Z) 

!  vs  frequency  for  an  open  thin-walled  tube.  The  total  flow  of  radiated  sound  energy  W  =  ^\vo\’^Re{Z)  is 

[  proportional  to  the  tube  thickness. 

i  It  is  practically  important  to  know  the  amount  of  energy  emitted  with  noise  and  absorbed  in  the 
I  structure  due  to  damping  of  nuterial.  Investigations  we  carried  out  for  finite  beams  and  plates  performing 

I  flexural  vibration  in  medium  under  the  action  of  external  forces  yield  the  following  general  conclusion: 

!  at  low  frecuencies  the  behaviour  of  the  structure,  e.g.  the  quality  factor  of  the  structure  resonances,  is 

determined  by  internal  dtunping;  at  high  frequencies  the  losses  are  due  to  the  sound  radiation;  in  the 
!  frequency  range  around  the  cmncidence  frequency  these  two  types  of  energy  losses  are  comparable.  This 

:  observation  is  well  illustrated  in  Fig.5  where  the  real  part  of  the  input  admitance  Y  =  v/fo  if  presnted,  q 

beeng  the  loss  factor  of  the  material.  One  more  is  illustrated  in  Fig.6.  Eight  piezoceramic  rings  which  are 
interacting  with  each  other  through  the  surrounding  medium  (water)  are  drived  independently  by  eight 
I  external  forces  (vdtages)  of  the  same  amplitude  and  phase.  Fig.6  shows  the  amplitudes  distribution  of 
the  radial  velocity  of  the  tings  which  noticably  depends  on  the  frequency.  The  observations  concerning 
the  energy  mentioned  above  ate  valid  for  this  structure  as  well. 

6  CONCLUSION 

The  results  of  study  of  the  ESM  properties  and  its  applications  have  showed  that  this  iiKthod  of  solving  the 
noise  prediction  problem  posesses  the  remarcable  features;  simplicity,  contrcflled  accuracy,  small  computing 
time.  The  advantages  of  the  method  become  impressing  when  it  is  api^ied  to  the  radiation  problem  for  a 
complicated  structure  driven  external  forces.  This  makes  the  Equi^ent  Sources  Method  to  be  a  useful 
to<fl  for  predicting  of  sound  fields  in  n(^  contrd  engineering,  in  hydroacoustics  and  other  branches  of 
acoustics. 
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Fig.l  Modeling  of  vibrating 
atructure  by  monopcdea 
or  dipoles 

placed  on  auxiliary  aurface  So 
or  line  /o 

1- pulaating  cylinder; 

2- ela8tic  box  with  given 
vibration  amplitudea; 
3'pulaating  open  tube; 
4>forced  vibrating  beam  (4) 
and  plate  (5) 


Fig.2,3  The  error  of  the  algorithm  as  a  function  of 
diacretiaation  number  M  of  the  radiated  aurface  S 
and  of  number  N  of  the  equivalent  aourcea  for 
pulsating  cylinder  (7/a  =  4) 

Fig.4  Radiation  impedance  of  a  pulsating  ring  with 
thickneae  6  =  0.02a(l),  6  =  0.2a(2),  S  =  0.2a(3) 
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ABSTRACT 

This  report  is  concerned  with  acoustic  radiation  by  a  thin  cylindrical 
shell  of  a  finite  length.  In  spite  of  a  great  number  of  publications 
dealing  with  this  problem,  until  now  there  is  no  effective  method  of  its 
analysis  in  a  general  case.  Our  method  is  based  on  the  idea  which  was 
proposed  by  Skudrzuk  (11  for  the  dynamic  response  analysis  of  complex 
structures.  The  main  aim  of  this  paper  is  to  represent  the  solution  as 
asymptotic  row. 

Results  of  the  calculation  within  the  frames  of  the  proposed  model  are 
compared  with  the  known  data.  The  agreement  between  the  calculations 
allows  us  to  use  the  model  as  the  first  approximation  in  more  accurate 
studies  of  structure  radiation. 


INTRODUCTION 

It  IS  known  that  correct  solution  the  problem  of  sound  radiation  by  a 
structure  includes  joint  solution  of  integral  and  differential  equations. 
Such  a  method  isn't  convenient  because  it  leads  to  very  complicated 
calculations,  requiring  the  great  volume  of  memory  and  the  high  speed  of 
computation. 

In  our  paper  the  scheme  of  simple  asymptotic  theory  is  given.  The 
choice  of  geometry  and  the  kind  of  structure  are  explained  by  the  model 
of  the  sound  radiation  problem  of  cylindrical  shell. 

The  small  parameter  is  the  relation  of  acoustic  power  to  the  total 
energy  of  the  shell.  The  main  term  of  the  asymptotic  row  corresponds  to 
the  solution  of  the  self-consistent  problem  without  radiation  losses.  The 
sense  of  this  assumption  is  evident.  The  radiation  losses  determine  the 
amplitudes  of  continuous  spectrum  waves,  while  these  waves  describe  far 
distance  coupling  between  shell  pieces.  The  main  term  of  the  asymptotic 
row  corresponds  to  adjacent  piece  coupling,  while  each  next  term 
describes  high  and  high  order  coupling. 


MAIN  APPROXIMATION  AND  THE  SCHEME  OF  SOLUTION 

We  will  derive  the  expressions  describing  the  shell  radiation  on  the 
basis  of  Kirchhoff's  integral.  Assume  that  the  driving  force  is  directed 
normally  to  the  side  surface.  We  also  use  the  symmetry  of  the  problem. 


f  All  values  which  enter  the  integral  are  expressed  by  the  superposition  of 

i  different  order  polar-angle  modes.  But  we  express  their  amplitudes  not  by 

1  the  superposition  of  longitudinal  modes,  as  it  is  often  made,  but  by  the 

I  superposition  of  the  primary  and  different  order  secondary  (reflected  at 

I  the  shell  ends.)  wave  contributions.  Due  to  the  linearity  of  the  problem 

I  the  final  equation  for  the  m-th  order  polar-angle  mode  radiation  field 

i;  will  have  the  following  form: 

P_(0),f)=?‘°’(u.r)  (I  +  G  (u,?)),  0) 

D  Oi  n 

where  r  is  the  radius-.vec,tor  originating  from  the  drive  point  towards  the 
observation  point,  '(o),r)  is  the  contribution  of  the  primary  source 

(the  waves  running  from  the  drive  point),  and  P^®’(u,?)'G||^(o),r)  is  the 

contribution  of  the  waves  reflected  at  the  shell  ends  (resonant 
component). 

I  We  will  assume  that  (i)  the  radiation  loading  on  elastic  motion  of  the 

(  shell  is  small  in  comparison  with  the  inertia  loading  and  (ii)  the  shell 

i  length  (L)  is  large  as  compared  to  its  radius  (R). 

!  A  low  value  of  the  radiation  loading  means  that  we  can  neglect 
!  radiation  losses  and  continuous-spectrum  waves  in  the  solution  of  the 

*  self-consistent  problem  of  the  shell  vibration.  This  assumption  is 

I  justified  by  the  condition  Cj/c^«  1,  where  Cj  is  the  velocity  of  the 

I  flexural  wave  and  is  the  velocity  of  the  sound  wave..  In  most  cases 

1  is  less  than  the  velocity  of  the  longitudinal  (c^)  and  the  torsional  (c^) 

•  waves.  Because  of  that  Cj«c^,  c^,  and  we  can  suppose  that  the  flexural 

j  waves  are  weakly  coupled  to  other  kinds  of  wave  motions.  This  relation 

j  for  flexural  waves  occurs  under  the  condition  h/R<0. 1,  where  li  is  the 

1  thickness  of  the  shell  walls  (2). 

I  When  the  second  condition  is  fulfilled,  the  density  of  the 

I  hydrodynamic  forces  of  the  reaction  to  the  shell  vibration  iS,  in  fact, 

independent  of  the  parameter  I/R.  Note  that  the  first  condition  is  quite 
:  a  general  one  and  does  not  depend  on  the  shape  of  the  structure,  while 

‘  the  second  condition  is  specified  for  an  elongated  body. 

;  By  virtue  of  the  absence  of  the  singularities  in  the  integral 

i  expressions  for  sound  radiation  in  the  far  zone,  we  can  change  tne  order 

j  of  summing  and  integration  and  rewrite  the  expression  derived  from 

;  Kirchhoff’s  integral  in  the  form: 

P(u,r)=iP^(u,?)*PgC^R/PgCjli  ^  i"®  {Wj,(8)J|||(|cos(0))  + 

■> 

iCOS(9)P|||(e)J^(5COS(0)))  C0S(lB|l)  ,  (2) 

®2 

»ig(0)=R/LJ  W||(s)*eip(-i5*s-slJi(0))ds  , 


2 

p^(0)=R/Lj  P||j(s)*e^(-i5'S'Sln(0))ds  , 

Si 

where  P^=i)c^Pe^(lJg?)/4icr  determines  the  radiation  of  an  infinitely 

small  element  of  fluid  under  the  action  of  the  excited  force  P;  Pg,  p^ 

are  the  densities  of  the  shell  material  and  fluid,  respectively;  Cj, 

are  the  sound  velocity  magnitudes  in  the  shell  and  in  the  fluid;  0  is 
the  dimensionless  frequency;  OoR/c^,  H^R;  w^(8)  and  Pj,(8)  are, 

respectively,  the  complex  amplitude  of  the  velocity  and  pressure  at  the 
shell  surface  in  the  m-th  wave  harmonic,  the  velocity  is  normalized  to 
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3e" 

f 

I 

j 

I  V^=iF/2ipgRIito  while  the  pressure  to  s=i/R,  s=0  corresponds  to 

t  the  drive  point,  and  s^,  Sj,  to  the  shell  ends;  J^(y)  and  3^,7)  are  the 

I  m-th  order  Bessel  function  and  its  derivative;  J  is  the  angle  between 

j  normal  to  the  shell  surface  and  radius-vector  r,  4  is  the  polar  angle. 

!  The  expression  (2)  as  a  whole  can  be  considered  as  the  superposition 

t  of  different-order  polar-angular  multipole  contributions.  The  terms 

I  proportional  to  Bessel's  functions  describe  the  contribution  of  the 

i  monopole  sources  distributed  over  the  surface,  and  the  terms  proportional 

I  to  the  derivatives  of  Bessel's  function,  the  contribution  of  the  same 

i  dipole  sources. 

I  We  will  now  analyze  the  characteristic  radiation,  or  the  radiation 

I  from  the  shell  whose  resonant  peaks  are  overlapped,  if  we  determine  this 

I  component  of  radiation  we  can  determine  resonant  component  using  a 

mulUreflection  method. 

t  When  solving  the  problem  we  will  use  the  Fourier  transform  technique 

I  and  obtain  the  relation  between  the  mean-value  (characteristic) 

I  velocities,  pressures  and  dispersion  relation  of  the  structure.  The 

I  fluid-loading  will  be  determined  under  the  condition  of  weak 

I  compressibility  (c^/c^«1).  The  absence  of  acoustic  losses  allows  us  to 

'  reduce  the  Fourier  integral  to  the  sum  of  four  residues.  The  two  first 

I  residues  correspond  to  the  flexural  travelling  and  decaying  waves,  the 

I  other  two,  to  the  torsional  and  longitudinal  decaying  waves.  A  relatively 

I  complicated  procedure  for  the  determination  of  the  roots  of  the 

f  denominator  in  the  Fourier  integrals  may  be  simplified  by  neglecting  the 

{  transverse  inertia  terms  and  by  using  a  small  value  of  parameter  h/R  (see 

I  Appendix).  The  first  assumption  means  that  we,  in  fact,  neglect 

I  longitudinal  and  torsional  waves.  The  second  one  allows  us  to  divide  the 

I  dispersion  relation  into  two  weakly  coupled  terms  which  correspond  to  the 

(  membrane  and  the  plate  regions  in  the  frequency  response  of  shell 

‘  vibration  (1). 

!  When  determining  the  poles  in  the  case  nM)  (monopole  mode-shapes),  we 

»  encounter  the  difficulties  that  are  associated  with  two  branches  of  the 

1  dispersion  curve.  One  of  them  corresponds  to  slow  waves  weakly  coupled  to 

I  radiation  (c^/c^O),  while  the  other  one,  to  fast  waves  strongly  coupled 

^  to  radiation  (c^/c^M).  The  description  of  acoustically  fast  modes  needs 

an  exact  expression  for  acoustic  impedance,  taking  into  account  the  fluid 
compressibility  (the  k^L  parameter),  and  the  diffraction  peculiarities 

that  occur  at  the  shell  ends. 

Monopole  forms  are  an  exception  to  the  rule  and  do  not  keep  within  the 
frames  of  a  simple  model.  Therefore  we  will  estimate  monopole  modes 

contribution. 

We  will  first  estimate  the  lower  frequency  of  monopole  vibrations. 
Apparently,  it  can  be  determined  as  the  ordinate  of  the  intersection 
point  of  the  dispersion  curves  vrtiich  correspond  to  flexural  and  sound 
waves  (0=O'Cj/c^).  The  branch  below  the  curve  Q=0'Cj/c^  corresponds  to 

slow  waves  13):  (Q^-1)*o*slgn(Be(o))-t0*D^=0,  where  and  o=y, 

is  the  axial  component  of  the  structure's  wave  number. 

Therefore  the  lower  monopole  frequency  is  Djj=(l  +  One  can 

see  that  the  frequency  is  determined  only  by  the  relative  stiffness  of 
the  shell  g  = 

The  vibration  amplitude  in  monopole  modes  at  frequencies  lower  than  0^ 

is  determined  by  the  shell  rigidity  to  overall  stress,  therefore 
V^o„'^V^(Q/Oo).  Consequently,  the  radiation  will  have  the  form: 

Below  we  will  see  that  is  smaller  than  the  dipole  radiation  at 
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low  frequencies.  At  high  frequency  (ffel)  lc^L»l  because  yR»1  too. 

Therefore  we  can  use  asymptotic  equation  for  acoustic  impedance  and 
estimate  monopole  radiation  in  high  frequency  region.  One  can  be  also 
convinced  that  the  magnitude  of  monopole  radiation  in  0>l  region  is  small 
too  (iJ. 

When  the  conditions  o^*  t  (i.e.  slow  elastic  waves)  or  Iiii{0^)»  5 
(i.e.  high  decaying  waves)  are  met,  the  Fourier  transforms  *^^(8)  and 
p^{s)  are  equal  to 

09 

I A  exp(i(ojs|  -  5*S‘Slii(0))ds  -  2iA/a^  (3) 

-« 

Thus,  the  characteristic  radiation  is  a  result  of  the  superposition  of 
the  n-th  order  multipoles  that  are  spread  uniformly  over  the  rings  Aj/*- 

wide. 

Note  that  this  is  quite  a  general  representation  of  the  solution, 

which  is  a  consequence  of  the  low  speed  of  elastic  waves  (4).  But  in 
contrast  to  a  plate  or  a  beam,  where  the  travelling  and  decaying  waves 
have  equal  lengths,  the  shell  has  different  A^,  owing  to  the  finiteness 

of  its  curvature,  which  results  in  interesting  peculiarities  in  resonance 
shell  radiation  (fig.  2  below). 

In  the  frequency  range  Q«l,  the  equation  determing  the  pole  position 
can  be  simplified  essentially  taking  into  account  loi«ffl  for  flexural 

waves  and  |o|*ffl  for  torsional  and  longitudinal  decaying  waves. 

Using  these  approximate  equations  for  and  eq.  (3),  we  will 

determine  the  contribution  of  the  B-th  order  sources  to  the 

characteristic  radiation  in  the  low  frequency  region: 

Pi®^((i).r)  =  p^c^R  i’""  O/p^Cjh  {J^(5cos(e))  ((8/(8tb)b2) 

(it(a+b/8-b))  -  2/(8^ -b^)l  t  5cos(e)jj5cos(9))  ((a/8+b)’^^ 

(lt(atb/a-b)^^^)/iiib^  -  (2P)’^^(8^-b^)'®^*J)cos(oi$),  dpO  (4) 

where  b^=C?(6_+fi/D)-tf,  a^^l-i^,  e  *i+l/ii?, 

obb  b  b 

^=P^(2Dr-t),  prsbwi2lr,  v  is  the  Poisson  ratio. 

One  can  easily  see  that  the  dipole  radiation  is  predominant  in  0«l 
region,  while  the  monopole  radiation  magnitude  is  more  smaller  and 
displays  in  neighborhood  of  0,  $  */2. 

The  eq.  (4)  also  shows  that  the  contribution  of  travelling  flexural 
waves  (the  terms  proportional  to  (atb)/(a-b)  ratio)  becomes  predominant 
when  the  frequency  increases.  The  contribution  of  longitudinal  and 
torsional  waves  is  a  resonant  one  and  is  displayed  at  the  frequencies 
0»1,  where  different  wave  motions  are  strongly  coupled.  Since  the 
longitudinal  and  torsional  waves  have  high  a^,  their  radiation  in  the  low 

frequency  region  is  lower  than  the  flexural  wave  radiation. 

we  will  now  determine  the  resonant  radiation  component.  The  wavelength 
on  the  order  of  the  shell  length  L  corresponds  to  lower  resonant 
frequencies,  therefore  we  can  ignore  the  reflection  of  primary  decaying 
waves  at  the  shell  ends,  without  restricting  the  generality  of  the 
problem.  Then  employing  the  successive  reflection  method  and  the 
condition  of  the  acoustic  short  circuit  of  flexural  waves,  we  can  show 
that  the  presence  of  boundaries  provokes  the  appearance  of  two  additional 
radiation  sources.  For  example,  when  the  drive  point  coincides  with  the 
middle  of  the  shell,  we  obtain  the  expression  for  the  secondary  source 
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amplitude; 

=  -<i^cos(?asln(e)/2)e^(Io,a/2)Ii-  7^-  7^0, /Ogl/  (5) 

(1  -  7,exp(Io,a)), 

where  is  the  contribution  of  the  primary  source  that  corresponds  to  a 
travelling  flexural  wave,  7j  is  the  reflectivity  of  the  travelling 
flexural  wave,  and  is  the  transform  coefficient,  which  describes  the 

excitation  of  the  secondary  decaying  wave  by  the  primary  travelling 
wave.  For  simplification,  the  secondary  longitudinal  and  torsional  waves 
(7^  and  7^  coefficients)  are  not  considered; 

To  determine  the  resonant  component  of  radiation,  we  must  distinguish 
the  contribution  of  the  travelling  flexural  wave.  Therefore  we  will 
<  represent  the  characteristic  radiation  in  terms  of  equivalent  sources 
•;  (the  eq.  (3),  (4)): 

«j=T^(o5((ati^Tj)^2pS5-€/t^-38(f/<7jJ.  >>0 

Using  eq.  (6),  we  can  determine  the  total  radiation  of  the  m-th 
mode-shape  of  the  shell  as  follows: 

P.(?)  =  P{“’(?)  (Hk,q,/qo>  " 

(7) 

vrtiere  P{®}f)  is  the  distributive  monopole  source  contribution  to  the 

characteristic  shell  radiatiqn  (the  terms  are  proportional  to  Bessel’s 
function  in  (2),  (4))  and  Pj®  (?)  is  the  same  dipole  source  contribution. 

In  the  frequency  region  0«l,  where  different  types  of  waves  are  weakly 
coupled,  we  have  k,=lC2=0.5.  Consequently,  eq.  (7)  will  take  on  the  form: 

P,(r)=Pi®’(?)'(l  ♦  C^(O,0))  ,  (8) 

where  for  Navier  boundary  conditicns  (7,»-i,  yg-O)  function  C^(Q,e): 

C^(0,e)=-co8(5asIn(8)/2)/cos(o,a/2) 

The  function  Gjj(Q,0)  is  a  decaying  oscillatory  function  of  the 

frequency  0  and  the  angle  0.  Since  it  enters  eo.  (3)  additiveiy  for  each 
I,  we  can  say  that  the  characteristic  radiation,  indeed,  describes  the 
shell  radiation  without  the  elastic  wave  diffraction  effects.  In  a  more 
general  case,  the  contribution  of  the  sinmle  and  dipole  layers  must  be 
analysed  separately.  The  functions  G^(O,0)  are  slightly  different  for 

each  of  this  terms. 

The  amplitude  of  the  resonant  component  of  the  shell  radiation  in  the 
low  frequency  region  has  the  following  form  (where  Q  is  the  Q-f actor  of 
the  shell  vibration): 

P^®’/2sli(t(it2n)/8Q)«.4aP‘®’/t(tt2n),  Q»x(2nfi)/8,  n.1.2.... 

One  can  see  that  as  the  frequency  increases  the  resonance  contribution 
decreases  exponentially  as  e^(-*n/4(J)  and  complete  radiation  slightly 
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differs  from  the  characteristic  level. 

When  the  drive  point  does  not  coincide  with  the  middle  of  the  shell 
the  expression  describing  the  shell  radiation  will  have  the  following 
form  (Navier  conditions): 

G^(fi,0)=-(sln(o,  (a/2+is)  )e]qp(-i  {asln(6)/2)+  (9) 

sln(o,(a/2-As))exp(  i{asln(9)/2)I/2sln(o,a), 

where  As  is  the  distance  from  the  drive  point  to  the  middle  of  the  shell. 

When  0=0  we  have  the  following  expression: 

G.  (Q,  0  )=-C0S  (0 ,  As  )/2C08  (0.0/2) 

Di  I  1 

In  other  words,  the  solution  has  the  structure  that  is  similar  to  the 
one  described  above,  but  the  result  of  the  interference  of  the  secondary 
source  is  described  by  the  multiplier  cos(o,As)  rather  than 

cos(ELsln(0)/2R).  In  a  more  common  case  (9)  the  solution  combines  two 
multipliers.  One  of  them  describes  the  delay  of  acoustic  waves  travelling 
from  secondary  sources,  while  the  second  one,  the  phases  of  sources.  In 
other  words  expressions  (7),  (9)  describe  the  sound  radiation  of  one 
dimensional  acoustic  antenna  that  is  consisted  of  three  groups  of 
multipole  sources. 

Finally,  we  will  perform  a  comparative  analysis  for  the  calculations 
by  the  formulas  that  were  presented  above  and  in  ref.  (5).  We  will 
neglect  the  mode  coupling  and  take  the  Navier  conditions  as  the  boundary 
conditions.  Figure  I  shows  results  of  the  computations  of  dipole 
radiation  (in  =  1),  that  are  based  on  the  suggested  "three  sources"  model 
(the  expressions  were  presented  above)  and  on  the  well-known  traditional 
’’made  method’’.  The  dashed  line  depicts  the  characteristic  level 
corresponding  to  the  dipole  radiation.  One  can  see  that  the  calculations 
within  the  two  models  yield  similar  results  particularly  in  the 
low-frequency  region.  The  divergence  is  caused  by  the  influence  of  the 
continuous-spec  trim,  waves  and  manifests  itself  in  the  frequency  region 
kgL»1.  These  waves  cause  acoustic  coupling  between  sources  of  radiation. 

For  example,  at  the  secondary  sources  which  are  ^p/2-distant  from 

the  primary  source  damp  it  by  their  radiation.  Characteristic  frequencies 
slightly  differ  from  2ra;  so  we  have  a  possibility  to  make  our  solution 
more  accurate  by  taking  into  account  the  radiation  coupling  of  the 
sources  that  are  placed  in  free  space.  But  this  specification  is  beyond 
the  scope  of  our  paper. 

Summing  up  we  can  say  that  small  value  of  radiation  efficiency  allows 
us  to  simplify  the  solution  essentially.  The  solution  is  factorized.  As  a 
result,  the  peculiarities  caused  by  dispersion  relation  and  the 
characteristics  of  boundaries  or  other  elastic  waves  scatterers  can  be 
separated.  The  solution  becomes  more  illustrative  and  comprehensible. 
Using  the  suggested  method  we  can  simply  analyse  the  boundary  conditions 
influence  on  the  shell’s  radiation.  It  seems  that  in  contrast  to  plates 
and  beams  the  level  of  shell  radiation  has  the  maximum  in  the  case  of 
free  ends  133  (fig.  2). 
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APPENDIX:  THE  EQUATIONS  DETERMIN6  THE  POLE  POSITION 

The  dispersion  relation  for  the  shell  has  the  following  form  161: 
n^(6jj|+6(ij^)=a^o*/(iii^+o^)^  +p^((in^-l)^+20i^o^+o*).  (A1) 

where  6=1  and  s  =  1  +  l/m^;  u  is  the  added  mass  coefficient., 

0  n  n 

The  fluid  motion  is  weakly  compressible,  so  is  equal  to  141: 

tiij-dn^+o^)'^^  (A2) 

Substituting  T^=in^+o^  and  taking  a  small  value  of  we  get  an 
approximate  relation  determining  Che  two  first  o.,  which  correspond  to 
flexural  waves:  ^ 

0^  (6  j^+«7^slgQ(Re7)  )=a^  (7^-ni^ 

The  relation  describing  the  longitudinal  and  torsional  waves  can  be 
derived  by  dividing  the  complete  equation  (A1)  by  the  (A3); 

C^7^-C5(^  T^sIfjKReT  )t  (Ctf +2CDi^a^  )f- 

(4C!ii2a2+a¥)8()^7Slgii(Re7)+C^/p^  =0  ,  (A4) 

C=a^-((/6  h^) 

Oi  O 

The  residue  of  this  division  is  of  the  orhec  of  0(6^/a^-tf ).  It  means 
that  equations  (A3)  and  (A4)  are  valid  when  la  -0  |«  p.  One  can  see  that 
(A3)  corresponds  to  the  "membrane"  region  of  the  shell  vibration,  while 
(A4)  corresponds  to  the  "plate"  region  of  the  shell  vibration  in  the 
normal  direction.  In  the  low  frequency  region  (fi«1)  which  correspond 

to  the  flexural  waves  are  determined  from  (A3),  while  in  the  high 
frequency  region  (0*1),  from  (A4). 
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STRUCTURAL  RESPONSE  AND  RADIATION  OF  FLUID-LOADED  STRUCTURES  DUE  TO 

POINT-LOADS 
Chafic  M.  Hammoud 
PerG.  Reinhall 

Mechanical  Engineering  Department 
University  of  Washington 
Seattle,  WA  98195 
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The  spatial  decay  of  the  response  and  acoustic  radiation  of  a  submerged  infinite  beam  excited  by  a  time-harmonic 
point-load  arc  investigated  using  Fourier  transfroms  and  asymptotic  approximation  for  above  and  below  coinci¬ 
dence  conditions.  For  vey  lightly  internally  damped  beams,  the  spatial  decay  of  the  flexural  waves  is  shown  to 
undergo  a  large  increase  as  the  driving  frequency  is  increased  beyond  the  coincidence  frequency.  Moderately 
damped  beams  are  found  to  not  exhibit  this  behavior  in  that  the  decay  rate  of  flexural  waves  undergo  only  a  small 
increase  as  the  forcing  frequency  goes  from  below  to  above  coincidence.  The  decay  rate  is  also  shown  to  be  sensitive 
to  the  amount  of  internal  damping  of  the  beam  for  both  above  and  below  coincidence  frequencies. 


1.  INTRODUCTION 

In  the  modeling  of  large  submerged  structures  it  is  often  necessary  to  truncate  the  structure  in  order  to  facilitate 
the  analysis.  For  example,  in  investigating  the  radiation  and  response  of  a  submarine  hull  due  to  a  point-load,  it  is 
necessaty  to  limit  the  region  of  study  to  a  small  section  of  the  hull,  at  the  location  of  the  point-load.  It  is  assumed 
however,  that  the  behavior  of  the  cutout  section  approximates  the  response  of  the  entire  structure.  For  this  to  be  the 
case,  there  must  be  an  insignificant  amount  of  vibratory  motion  at  the  truncation  boundaries.  The  decay  of  the 
vibratoiy  motion  over  the  structure  must  therefore  be  estimated  before  deciding  the  size  of  the  truncated  section. 

The  present  study  addresses  this  problem  by  investigating  the  structural  response  and  radiation  of  a  submerged 
infinite  beam  excited  by  a  time-harmonic  point-load.  The  vibration  and  the  radiation  of  the  beam  are  derived  as  a 
function  of  the  distance  to  the  excitation  point.  The  spatial  decay  of  the  response  is  studied  for  both  below  and  above 
coincidence  conditions.  Criteria  pertaining  to  truncation  are  discussed. 

The  determination  of  the  structural  response  and  acoustic  radiation  of  vibrating  submerged  structures  represent 
an  issue  of  considerable  mathematical  complexity.  Numerous  investigators  have  developed  a  diversity  of  solution 
approaches.  Fcit  [  1],  for  instance,  derived  the  farfield  directivity  pattern  of  the  radiated  pressure  for  a  point-excited 
plate  using  Fourier  transform  representations  and  asymptotic  expansions  of  the  solution.  Nayak  [2]  studied  the  drive 
line  admittance  for  a  thin  infinite  fluid-loaded  plate  excited  by  a  force  and  moment  input  through  the  use  of  Fourier 
transform.  His  results  show  that  the  plate  admittance  is  considerably  reduced  by  the  fluid-loading,  especially  for 
ratios  of  acoustic  to  structural  wavenumber  less  than  0.3.  Nagaya  et  al.,[3]  proposed  a  new  technique  for  solving 
vibration  problems  of  arbitrarily  shaped  plates  by  utilizing  a  Fourier  expansion  collocation  technique.  Their  method 
produces  the  equations  for  finding  the  natural  frequencies,  the  displacement,  and  the  pressure  Held.  Stepanishen  et 
al.,[4,S]  suggested  another  technique  based  on  the  use  of  modal  expansion  and  wave-vector/time-domain  method,  t 
to  evaluate  the  time  dependent  acoustic  loading  on  submerged  vibrating  structures.  This  approach  portrays  the  fluid-  *; 

loading  as  a  modal  sum  in  which  each  of  the  modal  pressures  is  expressed  as  a  sum  of  convolutions  involving  modal  i 

impulse  response  that  are  dependent  on  Mach  number  and  modal  velocity  components.  Extensive  numerical  results 
are  present^  to  illustrate  the  characteristics  of  modal  impulse  response  and  the  radiation  impedances  for  a  simply 
supported  plate.  In  this  paper,  we  have  chosen  a  solution  method  which  involves  spatial  Fourier  transforms  and  an 
asymptotic  approximation  technique  described  by  Nayak  [2]  and  Crighton  [6]  in  order  to  solve  for  both  the  beam 
response  and  the  acoustic  pressure  field. 
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n.  MATHEMATICAL  ANALYSIS 


Consider  an  infinite,  thin  elastic  beam,  and  bending  stiffness  El.  The  beam  lies  in  the  plane  z = 0,  and  it  is  driven 
byatime-harmonicpointforce,Fe‘i®^atx=0,andy=0(asshowninFig.  1).  Theupperhalf  space,  zSOisoccupied 
by  an  inviscid  uniform  fluid  of  density  p,  sound  speed  c.  The  bottom  half  of  the  beam  at  z  <0  is  assumed  to  be  exposed 
to  a  vacuum. 


Fluid 

^ - ►  X 

VACuum 


Fig.  1.  Thin  elastic  beam  in  fluid 


The  differential  equation  governing  the  displacement  of  the  beam  in  the  transverse  direction  is  given 

where  E  is  the  Young's  modulus  of  the  beam,  I  is  the  moment  of  inertia,  ps  is  the  beam  density ,  A  is  the  cross- 
sectional  area ,  and  q(x.t)  is  the  sum  of  loads  applied  to  the  beam  surface.  Assuming  the  beam  is  excited  by  a  point- 
force  Fe*‘®^(x),  where  8(x)  is  the  delta  function,  one  may  consider  a  solution  of  the  form 

W(x,t)  =  W(x)exp(-io>t),  (2) 

where  W(x)  is  the  spatial  dependence  of  displacement  of  the  beam.  Substituting  Eq.(2)  into  Eq.(l)  and  suppressing 
all  time-dependent  variables  e  -iwt,  one  may  express  Eq.(l)  as 


El|^-P.A©’W  =  F5(x).p(x,0)  . 

(3) 

where  p(x,0)  is  the  fluid  reaction  force  acting  on  the  beam  surface. 

The  wave  equation  for  the  resulting  acoustic  pressure  p(x,z)  in  the  fluid  is  determined  from  the  Helmholtz 
equation 


i!p 

dx^ 


*|i.K-p=o 


(4) 


where  K  =  co/c  is  the  acoustic  wavenumber..  The  pressure  field  is  coupled  to  the  beam  wave  motion  by  the 
requirement  that  the  normal  component  of  the  acceleration  of  the  fluid  particles  itiust  be  equal  to  the  acceleration 
of  the  beam 


42!  =hpti)^W(x)  . 

Equations  (2)-(5)  may  be  solved  using  the  Fourier  transforms  pair 


(5) 
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f(x.y) = (5^11T3y«‘ 


As  a  result,  the  inverse  Fourier  transfonn  of  the  beam  displacement  and  the  pressure  field  become 


h'  f+“  e**'* 


p(x,z)  =  -  -  [  -  '  - — r dy . 


Fig.  2.  Path  of  integration  of  the  displacement  and  pressure  integrals 


These  integrals  are  evaluated  by  an  integration  technique  developed  by  Crighton[6].  A  contour  C  is  assigned 
in  the  upper  half  of  the  complex  plane  y,  shown  in  Fig.  2.  The  path  of  integration  consists  of  an  integral  along  the 
real  axis  excluding  the  singularities  on  the  positive  real  axis  y,  a  second  integralalongthecirculararc  which  vanishes 
as  the  arc  radius  ->  «>,  and  a  third  integral  along  the  branch  cuts  from  y= ±  K.  Since  C  is  a  closed  contour,  Eqns.(8) 
and  (9)  ate  then  evaluated  by  considering  residue  contributions  to  C  and  the  branch  cut  integral. 

The  necessity  of  employing  a  branch  cut  integration  rises  from  the  fact  that  the  numerator  of  both  Eqs.  (8)  and 
(9)  are  multivalued  functions  because  of  the  term  The  branch  cut  contour  satisfies  Re(K2-)2)l/2  >  o 

forK  >tYl,andIm(K2-72)l/2>oforK<lYl.  Theseconditions.alsodefinedbyNayak[2]asthecausality  requirements, 
ensure  the  appropriate  decay  of  the  beam  displacement  field  and  the  acoustic  pressure  at  infinity.  Tlie  poles  of  the 
residues  are  found  by  numerically  solving  for  the  roots  of  the  characteristic  equation  and  then  selecting  only  the 
appropriate  roots  satisfying  Im(K2-'y2)i/2  >  o.  Inthiscase,  wealwayshaveapositiverealroot  yi,  and  two  complex 
conjugate  roots  yj,  yj  (as  indicated  in  Fig.  2).  The  characteristic  equation  is  given  by 

El(y'-Kj)VK*-y'  =  ihpo)’. 

Rewriting  Eqs.(8)  and  (9)  in  terms  of  the  residues  and  the  branch  cut  integral  followed  by  a  substitution  of  y 
by  K  iu,  one  obtains 
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TTie  latter  two  expressions  may  now  be  asymptotically  evaluated  as  x  -4  »  using  Watson's  Lemma  integral  [7]. 
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Internal  dissipation  in  the  beam  is  introduced  by  using  a  complex  modulus  of  elasticity,  E  -  E(1  -ip),  where  n 
being  the  loss  factor.  This  will  force  the  real  pole  Yl  to  displace  off  the  real  axis  in  a  counterclockwise  fashion  in 
relation  to  the  origin.  Thus,  a  minor  adjustment  must  be  made  to  the  path  of  integration  when  material  damping  is 
considered. 

III.  Numerical  Results 

When  the  beam  wavenumber  exceeds  the  acoustic  wavenumber  (below  coincidence),  no  acoustic  pressure  field 
is  radiated.  This  is  shown  by  examining  the  integrand  of  Eq.(9).  When  ^  becomes  imaginary  =  i(f-  - 

K^)  1/2) ,  indicating  that  no  propagative  plane  wave  can  emerge  from  the  source  plane  with  a  real  angle  of  incidence. 
Theexponent  of  the  function  shown  in  the  integrand  of  Eq.(9)  becomes  negative  and  real  which  yields  an  exponential 
decay  as  the  distance  from  the  source  plane  increases.  TTte  resulting  non-propagating  waves  are  called  evanescent 
waves  because  they  stay  closeto  the  source  and  die  outjust  a  few  wavelengths  away  from  the  source.  It  should  be 
noted  that  for  a  real,  finite  structure  there  is  always  some  radiation  into  the  ambient  fluid  below  coincidence.  This 
can  be  shown  in  an  intuitive  fashion  by  noting  that  the  lack  of  radiation  from  a  perfect,  infinite,  and  undamped 
structure  below  coincidence  is  due  to  the  .symmetry  of  the  flexural  motion.  Figure  3i  illustrates  the  cancellation  of 
the  pressure  wave  due  to  symmetry  in  the  case  of  an  infinite  beam.  For  a  damped  and  finite  structure,  this  symmetry 
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In  order  to  obtain  an  estimate  of  the  spatial  decay  of  the  vibratory  motion  of  tlie  beam,  the  amplitude  of  the 
transmitted  waves  along  the  beam  surface,  at  a  variable  point  B  normalized  with  respect  to  the  amplitude  at  a  fixed 
point  A,  is  considered  (see  Fig.  8). 


4 

I  Fig.  8.  Flexural  waves  in  the  beam 
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In  Figures  9- 1 2  this  normalized  amplitude  is  shown  as  a  function  of  x  /  ^ ,  where  x  is  the  separation  of  points 
A  and  B  along  the  beam  and  is  the  wavelength  of  the  structural  propagating  wave.  In  order  to  satisfy  the  condition 
of  the  asymptotic  expansion,  it  is  necessary  to  choose  point  A  at  a  location  that  is  significantly  removed  from  the 
application  point  of  the  harmonic  load  (this  requirement  does  not  hinder  our  analysis  due  to  the  linear  nature  of  the 
problem).  Figures  9  and  10  show  the  spatial  decay  of  the  beam  response  for  below  and  above  coincidence, 
respectively,  for  a  range  of  internal  damping  values  (Wc  is  taken  to  be  the  coincidence  frequency).  These  figures 
clearly  illustrate  the  role  of  acoustic  radiation  in  the  damping  of  flexural  vibration  of  the  beam.  Figure  9  shows  the 
decay  of  flexural  motion  for  below  coincidence,  i.e.  small  amounts  of  acoustic  radiation.  Any  small  amount  of 
radiation  in  this  case  is  due  to  the  “spatial  unsymmetry”  induced  by  the  internal  damping. 
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Fig.  9.  Amplitude  ratio  of  an  infinite  steel  beam  in  water 
below  coincidence.  bVoic  =  0.2 


Fig.  10.  Amplitude  ratio  of  an  infinite  steel  beam  in  water 
over  coincidence,  cu/aic  =  1 .5 
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is  broken  and  one  has  to  expect  some  radiation  of  acoustic  energy  at  all  fiequencies  (as  illustrated  in  Fig.  3ii). 

When  the  frequency  is  over  coincidence,  the  traveling  waves  in  the  beam  decay  more  rapidly.  This  is  due  to 
the  fact  that  the  energy  created  from  the  vibration  is  leaked  into  the  fluid  medium  in  the  form  of  acoustic  radiation. 
This  can  also  be  shown  from  the  integrand  of  Eq.(9).  When  C  is  real,  a  plane  wave  emerges  from  the  source 

and  propagates.  In  this  case,  the  exponent  of  the  function  is  imaginary  and  it  is  responsible  for  the  phase  change  of 
the  plane  wave. 


-ii- 

Fig.3.  i.  Flexural  waves  of  infinite  beam  below  coincidence; 
ii.  Edges  radiation  of  a  finite  beam  below  coincidence. 

Using  Eq.(l  1),  the  acoustic  pressure  field  of  a  steel  beam  in  water  is  shown  in  Figures  4-7  for  different  structural 
damping  and  frequencies.  Below  coincidence,  the  acoustic  pressure  field  displays  a  rapid  exponential  decrease 
going  away  from  the  beam  surface;  no  energy  is  radiated  due  to  the  absence  of  any  discontinuity  in  the  beam  and 
the  presence  of  evanescent  plane  waves.  In  contrast,  the  pressure  field  for  frequency  above  coincidence  (Fig.  5) 
is  substantially  influenced  by  the  structural  damping  embedded  in  the  beam,  as  anticipated.  Figures  6  and  7  show 
the  pressure  distribution  for  below  and  above  coincidence. 


Fig.4.  Pressuieratiofromaninfinitesteelbeafflinwaler.below  Fig.5.  Pressure  ratio  horn  an  infinite  steel  beam  in 
coincidence,  (iV(i),= 0.2.  z  is  the  normal  distance  away  water,overcoincidence,(a/0),-l.S.  x/\=10 

from  the  beam.  X  is  the  acoustic  wavelength  and  \is  the 
beam  wavelength,  p  is  the  beam  loss  factor.  x/K^  s  10 


Fig.4.  PressuiedistributionfrOTaninfinitesleelbeam  Kg. 7.  Pnessuredistiibution&omaninfinitesleelbeam 

in  water,  below  coincidence,  Ciyto,  >  0.2.  p  s  in  water, overcoincidence, (lyte  »1.5.u=l‘if 

1% 
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Figure  10  shows  the  decay  of  the  structural  motion  for  an  above  coincidence  situation  (o/coc  =  1.5).  Comparing 
this  figure  with  Figure  9,  it  is  apparant  that  for  very  low  values  of  internal  damping  the  structure  is  sensitive  to  the 
crossing  of  the  coincidence  frequency.  However,  for  moderately  low  internal  damping  of  5%  or  higher  it  is  seen 
that  the  spatial  decay  becomes  rather  insensitive  to  this  increase  in  driving  frequency.  Furtheremore,  it  can  be  seen 
that  by  increasing  the  structural  damping  of  the  beam  we  can  significantly  increase  the  decay  for  both  below  and 
above  coincidence  situations. 

Figures  11  and  12  further  illustrate  the  difference  between  light  and  moderate  structurally  damped  beams. 
Figure  1 1  shows  the  significant  effect  of  the  acoustic  radiation  on  the  spatial  decay  rate  of  a  lightly  damped  beam 
(1%).  It  is  worth  noting  that  the  decay  rate  is  at  maximum  when  the  forcing  frequency  is  equal  to  the  coincidence 
frequency.  The  behavior  of  a  beam  with  10  %  structural  damping  is  shown  in  Figure  12.  In  this  case,  the  added 
acoustic  radiational  efficiency  in  going  from  low  frequencies  to  frequencies  above  coincidence  produces  a 
surprisingly  small  variation  in  the  decay  rates. 

IV.  SUMMARY  AND  CONCLUSIONS 

The  flexural  displacement  and  the  corresponding  radiated  field  of  a  fluid-loaded  infinite  beam  excited  by  a 
harmonic  point-load  have  been  obtained  using  an  analytical  contour  integration  method.  The  decay  rate  of  flexural 
waves  traveling  down  the  beam  has  been  obtained  for  a  range  of  forcing  frequencies  and  structural  daitiping  values. 
For  very  lightly  damped  beams  (<  1  %)  the  spatial  decay  rate  of  flexural  waves  is  shown  to  experience  a  large  increase 
as  the  driving  frequency  is  increased  through  the  coincidence  frequency.  The  damping  of  the  flexural  waves  above 
coincidence  is  almost  entirely  due  to  the  acoustic  radiation  from  the  beam  into  the  fluid  medium.  Moderately  damped 
beams  (>5%)  are  found  to  not  exhibit  this  behavior.  The  decay  rate  of  flexural  waves  undergo  only  a  modest 
increase  as  the  forcing  frequency  is  increased  to  exceed  the  coincidence  frequency. 

The  decay  rate  of  tlie  transverse  vibration  along  the  beam  is  shown  to  exhibit  sensitivity  to  the  amount  of 
structural  damping  for  both  above  and  below  coincidence  conditions.  As  expected,  it  was  found  tliat  the  damping 
of  the  motion  below  coincidence  is  highly  dependent  on  the  internal  damping  of  the  beam  due  to  the  lack  of 
significant  energy  loss  in  the  form  of  acoustic  radiation.  Less  expected  was  the  significant  sensitivity  to  internal 
damping  above  coincidence  where  the  beam  can  function  as  an  efficient  radiator.  The  implication  is  that  the  addition 
of  structural  damping  to  submerged  structures,  for  example  with  the  help  of  constraint  layer  damping,  may  have 
beneficial  effects  for  a  wide  range  of  frequencies,  spanning  both  above  and  below  coincidence  conditions. 

In  the  modeling  of  large  submerged  structures,  it  is  often  necessary  to  truncate  the  structure  in  order  to  facilitate 
the  mathematical  analysis.  It  is  shown  here  that  this  truncation  must  be  done  with  care  in  that  the  flexural  waves 
require  a  travel  distance  of  several  hundred  wavelengths  before  their  amplitude  can  be  considered  negligible.  If  the 
size  of  truncated  structure  is  chosen  without  consideration  of  thedecay  rate  of  theflexural  waves,  there  is  a  possibility 
that  the  imposed  boundary  conditions  can  overly  degrade  die  accuracy  of  the  analysis. 

For  above  coincidence  frequencies,  the  propagation  distance  along  the  beam  required  for  a  90%  decrease  of  the 
wave  amplitudes  is  between  100  and  200  wavelengths.  For  below  coincidence  frequencies,  this  is  only  true  if  the 
beam  has  an  internal  damping  which  exceeds  5%.  Selecting  a  truncation  size  of  this  order  of  magnitude  is 
unfortunately  most  often  prohibitive,  requiring  therefore  a  careful  evaluation  of  the  influence  of  the  imposed 
boundary  conditions  and  the  possible  use  of  dissipative  boundaries. 

Findly,  it  should  be  noted  that  the  consideration  of  the  decay  rate  of  transverse  motion  is  crucial  id  the  design 
of  silent  submerged  structures.  Care  must  be  taken  in  the  placement  of  excitation  sources  in  relationship  to  holes, 
stiffeners,  and  other  irregularities  responsible  for  acoustic  radiation  below  coincidence.  This  research  effort 
indicates  that  structural  damping  may  play  an  important  role  in  addressing  this  issue. 
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ABSTRACT 

I  The  bistatic  form  function  of  an  end-ensonified,  hemispherically  endcapped  cylindrical  shell  was 

I  computed  using  a  boundeury  element  method  program  over  the  frequency  range  from  ka  =  2  to  6. 

1  The  ratio  of  the  total  length  to  diameter  is  eleven.  In  a  display  of  the  form  function  versus  angle 

\  and  frequency,  three  scattering  mechanisms  -  vh  reflection,  diffraction  and  elastic  wave  propagation 

I  -  are  evident.  Because  these  mechanisms  radiate  sound  predominantly  into  different  directions,  single 

I  frequency  acoustical  images  which  display  each  of  these  mechanisms  can  be  created  by  angular  win- 

I  dowing.  Reflection  can  be  seen  occurring  at  the  ensonified  endcap;  diffraction  along  the  whole  length; 

I  rind  fast  elastic  waves  with  non-constant  amplitude  along  the  length.  Furthermore,  interference  be- 

1  tween  reflection  and  elastic  wave  propagation  is  also  evident  in  the  form  function  display.  Several 

!  images  from  the  cylinder,  as  well  as  IHealized  targets  such  as  a  point  and  line,  are  shown  at  relevant 

}  frequencies. 


{  INTRODUCTION 

t 

j  This  paper  shows  the  analysis  of  acoustic  scattering  from  a  Bnite,  cylindrical  shell  with  the  use 

I  of  acoustical  imaging  to  understsmd  the  important,  underlying  scattering  processes.  Understanding 
I  can  be  obtained  from  acoustical  images  because  different  scattering  mechanisms  manifest  themselves 

I  differently  in  the  image.  Once  the  appearance  of  a  mechanism  is  known,  the  mechanism  can  often  be 
I  discerned  in  rm  apparently  complicated,  acoustical  image.  Previous  work  has  shown  the  appearance  of 
reflections  from  curved  surfaces,  reflections  from  collections  of  points,  interned  reflections  inside  clastic 
bodies  and  radiation  from  waves  propagating  along  long  line  sources*"’.  These  images  were  made 
at  a  single  frequency  from  rigid  and  elastic  spheres  and  from  theoretical  /  hypothetical  scatterers 
such  as  points  and  lines.  Single  frequency  images  are  useful  for  investigation  of  frequency  dependent 
phenomena  such  as  dispersive  waves  on  structures. 

This  paper  uses  this  accumulated  understanding  of  acoustical  images  to  anedyze  numerically  gen¬ 
erated  bistatic  scattering  from  an  end  -  ensonified,  hemispherically  endcapped  cylindrical  shell.  The 
scattered  pressure  field  is  mceisurcd  by  a  receiver  which  is  scanned  from  the  back-scattered  direction 
into  the  forwwd  direction.  In  the  frequency  interval  2  <  to  <  6  of  interest,  several  phenomena  arc 
observed  in  bistatic  angulm:  intervals.  These  phenomena  are  analyzed  by  generating  acoustical  images 
from  scattering  data  in  each  of  the  bistatic  angular  intervals.  The  basic  scattering  mechanisms  arc 
then  displayed  pictorially. 
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Following  this  introduction  a  plot  of  the  bistatic  form  function  is  discussed,  brief  definition  of 
the  imaging  method  is  given,  several  images  are  generated  and  discussed  and  a  conclusioii  ends  the 
paper. 

BISTATIC  FORM  FUNCTION 

Consider  a  finite,  cylindrical  shell  composed  of  hemispherical  endcaps  with  5  m  radii  connected  to 
a  right  circular  cylindrical  shell  of  radius  a  =  5  m  and  length  L  =  100  m.  The  thickness  h  is  a  uniform 
0.05  m.  This  cylinder  is  ensonified  with  a  uniform  plcme  wave  P,-  =  poc'*‘  along  the  cylindrical  axis 
and  the  scattered  pressure  field  Ps{6)  is  measured  in  the  far  field  at  an  angle  0  from  the  incident 
direction.  Thus  fl  =  0“  is  in  the  direction  of  the  incident  wave  atnd  9  =  180°  is  in  the  back-scattered 
direction.  The  dimensionless  form  function  is  defined  by  the  relation  P,  =  poo/(®)e'*’'/2r.  The  form 
function  f(d)  was  generated  using  the  boundary  element  code  DAXESAR^  and  is  shown  in  fig.  1. 


120 

Angle  (deg) 


Figure  1  -  -  Contour  plot  of  201og  |/(  a.s  a  function  of  frequency  and  angle. 


The  bistatic  form  function  is  plotted  as  20Iog  |/|  with  the  the  horizontal  axis  .is  bistatic  angle  6 
and  the  vertical  axis  being  dimensionless  frequency  ka,  where  ka  —  'zto/A  and  A  is  the  wavelength 
in  the  surrounding  fluid.  Contours  of  equal  form  function  are  plotted  ivery  -3  dB.  This  interesting 
frequency  interval  contains  three  distinct  angular  regions  which  encomp.  ss  different  patterns.  The 
first  region  has  gentle  variations  with  frequency  and  angle  in  the  interval  fj-'r.i  9  =  180°  to  9  =  130°. 
In  the  second  region  there  arc  vertical  features  at  9  =  73*  and  108*  caused  by  radiation  from  waves 
propagating  at  the  plate  speed  Cp*.  The  third  region  shows  large  values  of  the  form  function  in  the 
forward  direction  from  9  =  50*  to  0®. 
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The  pattern  in  the  back-scattered  region  from  180*  to  130*  appears  as  frequency  dependent 
stripes  with  a  level  of  approximately  0  dB.  This  level  and  lack  of  angle  and  frequency  dependence  is 
consistent  with  a  spMuIar  reflection  from  the  hemispherical  endcap.  The  small  variations  in  frequency 
have  minima  which  are  separated  by  approximately  ka  =  0.47  ±  0.03.  Let  us  assume  that  this  striation 
is  caused  by  the  interference  of  the  specular  reflection  and  the  reradiation  of  sound  which  has  traveled 
from  the  ensonified  endcap  to  the  other  and  back  again.  The  total  path  length  of  this  elastic  wave  is 
approximately  2L  =  22a.  It  follows  that  the  ratio  of  the  speed  of  this  assumed  wave  to  the  spe^  of 
sound  in  water  is  cj/c  =  3.3  d:  0.2.  This  value  is  consistent  with  the  plate  speed  of  a  steel  cylinder 
(5000  m/s)  /  (1500  m/s)  =  3.3.  This  intermediating  wave  would  radiate  sound  in  the  next  angular 
region. 

The  next  angular  re^on  extends  from  130*  to  50*.  This  region  is  dominated  by  a  vertical  ridge 
with  form  function  of  ^  7  dB  at  ~  73*  and  a  vertical  stripe  of  hash  marks  at  B  ~  108*.  These 
features  are  primarily  due  to  radiation  from  a  disturbance  propagating  at  a  speed  of  ci/c  ~  1/  cos(73*). 
This  is  just  the  plate  speed  in  the  steel  cylinder.  This  lends  confirmation  to  the  interm^iation  of 
the  plate  wave  in  the  frequency  striations  of  the  form  function  from  180*  to  130*.  Closer  inspection 
of  the  radiation  peak  at  d  =  73*  shows  that  the  pattern  is  not  symmetric  around  73*.  Instead  much 
more  sound  is  projected  into  the  forward  direction  and  relatively  little  is  projected  into  angles  >  73*. 
This  is  quite  different  from  the  radiation  caused  by  a  uniform  wave  propagating  along  the  length  of 
the  cylinder  horn  z  =  — L/2  to  z  =  JL/2.  This  uniform  wave  would  radiate  a  pattern  with  angular 
dependence  of  sin(x)/(x),  x  =  <:I(cos -cos 73* )/2  which  is  symmetric  around  73*.  The  cause  of  this 
asymmetry  will  be  shown  with  acoustical  images  to  be  <m  interaction  between  the  specular  reflection 
from  the  bow  and  radiation  from  the  plate  wave  along  the  length  of  the  cylinder. 

The  third  and  last  angular  region  in  the  pattern  lies  in  the  forward  scatter  direction  extending 
from  B  ~  50*  to  0*.  The  form  function  here  exceeds  25  dB.  The  form  function  in  this  region  has  been 
compared  to  scattering,  or  more  properly  diffraction,  through  an  aperture*.  The  acoustical  image 
from  the  forward  scattered  interval  shows  that  the  forward  scattering  from  an  extended  structure 
such  as  this  apparently  ori^nates  from  along  the  length  of  the  body,  not  just  at  the  ensonified  end. 

REVIEW  OF  IMAGING  METHOD 

The  method  of  forming  these  acoustical  images  is  based  on  the  underlying  a.s.sumption  that  the 
origin  of  the  scattered  field  is  a  fictitious  source  distribution  Q, ,  namely 

P.{f„ki)  =  /dp— '''Q,{p.k.)  (1) 
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where  k,  is  the  incident  wave  vector,  r,  is  the  far-ficld  observation  point  where  P,  is  mcasiircii  and 
single  Trequency  u;  is  assumed.  Thus  the  scattered  field  is  assumed  to  come  from  a  spatially  extended 
source  of  any  shape,  not  from  the  surface  of  a  known  shape.  Exi>eriencc  has  shown  that  the  shape 
of  the  source  distribution  reveals  the  true  location  of  acoustic  radiation  from  an  cxtcnderl  .structure. 
•Although  Eq.  1  cannot  fjc  exactly  inverted  to  determine  Qi  from  P,.  a  filtered  version  Q„  of  this 
source  distribution  can  be  generated  from  far-ficld  data  as 


Q«(r'.*i)  =  -[-2^j2;j[  dfl.siiHd,)e'‘'  7(k,,d„d,) 


where  /  is  the  for  n  function  -  /  =  P,2r/aP,  -  at  scattcrcil  angle  (B,.^,).  a  is  the  radiu.s  of  the 
cylinder,  k,  is  the  wave-vector  in  the  direction  of  and  P,  is  the  amfditudc  of  the  incident  wave  at 
the  center  of  the  cylinucr.  Becau.se  there  is  no  sicpcndeiicc  on  o,  with  bow-ensonifiration  this  formula 
simplifies  to 

<?:'■(»", k.)  =  - jf  dl»,sin{0,)e'*””*'*«*' Jfl(kr.sin<>sm<f;j/(k„fl.)  (3) 

where  the  .source  distribution  has  licen  normali/.cd  f»y  the  quantity  in  the  square  brackets  of  Eq.  (2). 
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An  inspection  of  Eq.  3  shov/s  that  the  normalized,  filtered  source  distribution  is  a  way  of 
spatially  displaying  the  complex  data.  In  other  words  imaging  is  a  linear  transformation  similar  to 
the  Fourier  transform.  Some  phase  information  which  does  not  appear  in  the  amplitude  display  of  / 
in  fig.  1  is  used  to  generate  the  spatial  dependence  of  This  formula  can  be  used  to  determine  the 
location  of  the  sources  of  the  scattered  field  within  the  limits  of  the  resolution  of  the  method.  The 
limits  of  integration  in  Eq.  3  cover  the  whole  bistatic  angular  interval.  By  constraining  the  limits 
of  integration,  the  location  of  the  sources  of  a  particular  feature  of  the  scattered  field  in  a  particular 
angular  interval  can  be  determined  up  to  the  limits  of  resolution.  Of  course  as  the  interval  becomes 
smaller,  the  resolution  becomes  poorer;  a  trade-off  is  required.  Limiting  the  aperture  creates  a  major 
benefit  in  image  underst^ding  because  it  often  limits  the  number  of  different  acoustical  processes  in 
the  picture.  Some  processes  radiate  predominantly  in  one  direction,  such  as  the  forward  direction. 
The  form  function  is  so  large  in  the  forward  direction  that  these  processes  tend  to  dominate  an  image 
formed  which  includes  this  interval.  With  a  judicious  choice  of  values,  the  angular  aperture  can  be 
thought  of  as  a  mechanism  filter. 

ACOUSTICAL  IMAGES 

Eq.  (3)  is  used  to  generate  acoustical  images  in  a  plane  which  cuts  through  the  center  line  of  the 
cylinder.  These  are  displayed  as  contour  plots  in  figs.  2  to  4.  The  horizontal  axis  is  parallel  to  the 
axic  of  ensonification;  the  cylinder  is  positioned  along  the  horizontal  axis  from  -55  m  to  55  m  in  the 
middle  of  each  panel.  All  of  the  acoustical  images  shown  are  formed  from  data  at  ka  =  3.55,  which  is 
a  local  majcimum  in  the  back-scattered  direction  6  =  0°).  In  each  of  the  figures  an  image  of  the  data 
is  shown  on  the  left  and  an  image  from  a  simple  model  on  the  right.  The  simple  model  consists  of 
a  point  scatterer,  the  form  function  of  which  is  /  =  where  Ap  is  a  complex  constant 

and  Zp  is  the  position  of  the  point,  and  of  a  line  radiator,  the  form  function  of  which  is  /  =  A(  sin(i) /x 
with  I  =  {kiL  —  kLcos6)/2  where  At  is  a  complex  constant  and  fcj  =  kc/ci. 


W  CO 


Range  (x  100  m)  Range  (x  100  m) 


(a)  lb) 

Figure  2  -  -  Acoustic  image  of  (a)  the  cylinder  with  aperture  150°<  9  <180°,  (b)  a  point  source  with 
amplitude  Ap  —  .712  and  position  Zp  =  .50m. 


1182 


On  the  left,  fig,  2(a)  shows  the  acoustical  image  of  the  cylinder  with  aperture  of  150°<  6  <180°. 
The  image  consists  of  a  single  highlight  located  at  approximately  (-55  m,  0  m).  This  image  strongly 
resembles  the  image  shown  in  fig.  2(b)  on  the  right  of  an  idealized  point  scatterer  with  amplitude  Ap 
=  0.712  and  position  Zp  —  -50  m.  This  amplitude  is  comparable  to  that  of  a  soft  or  rigid  sphere,  which 
is  1.  These  values  were  determined  by  adjusting  them  until  the  images  were  nearly  identical.  The 
image  of  the  point  scatterer,  incidentally,  shows  the  resolution  or  point  spread  function  of  the  image 
at  this  frequency  with  this  specific  aperture.  It  should  be  noted  that  there  is  sufficient  resolution  to 
confirm  that  the  source  of  the  scattered  field  is  from  the  ensonified  end  of  the  scatterer  as  expected 
from  physical  intuition.  Apparently  the  major  source  of  reflected  sound  in  the  angular  interval  from 
180°  to  150°  is  simple  reflection  from  the  hemispherical  endcap. 


(«)  ib) 

Figure  3  -  -  Acoustic  image  of  (a)  the  cylinder  with  aperture  63°  <  9  <83°,  (b)  a  point  source  with 
amplitude  Ap  =  92  and  position  Zp  =  —.50m  and  a  uniform  line  source  with  amplitude  Ai  =  -1.26, 
length  L  =  100m  and  c//c  =  3.5. 


Fig.  3(a)  on  the  left  shows  the  acoustical  image  of  the  cylinder  with  an  aperture  83° <  6  <63°. 
This  aperture  includes  the  large  vertical  feature  at  73°  in  fig,  1  which  is  due  in  part  to  radiating 
waves  propagating  at  the  plate  speed  along  the  length  of  the  cylinder.  The  image  clearly  shows  the  full 
extent  of  the  cylinder  from  (-55  m,  0  m)  to  (55  m,  0  m).  The  image  is  very  similar  to  the  image  of  a 
point  source  connected  to  a  uniform  line  radiating  sound  into  a  cone  defined  by  cijc  =  l/cos73°  shown 
in  fig.  3(b).  The  values  of  the  parameters  used  in  the  image  are  Ap  •■=  0.92,  Zp  =  -50m,  At  =  -1  26, 
L  =  100m  and  ci/c  =  3.5.  This  comparison  clearly  shows  that  the  asymmetry  of  the  pattern  in  the 
form  function  is  caused  by  interference  between  the  radiation  from  the  plate  wave  and  a  reflection 
from  the  ensonified  end.  The  phsises  of  the  two  patterns  are  such  that  the  sin(a:)/a:  pattern  of  the  line 
is  canceled  by  the  asymmetric  sin(x)  portion  pattern  of  the  point  for  angles  greater  than  9  =  73°. 

The  last  set  of  images  is  shown  in  fig.  4.  These  were  each  generated  with  an  aperture  0°<  9  <30°. 
Fig.  4(a)  on  the  left  shows  a  localized  highlight  at  the  ensonified  end  and  an  extended  highlight  along 
the  length  of  the  cylinder.  The  image  on  the  right  is  composed  of  a  point  scatterer  with  amplitude 
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Ap  =  2.44  at  position  Zp  =  -55  m  and  of  a  line  radiator  with  amplitude  At  =  13.5,  length  L  =  110  m 
and  speed  ci/c  =  1.0.  The  value  of  the  point  scatterer  is  comparable  with  the  maximum  value  of  the 
pattern  derived  from  scattering  from  a  circular  disc  using  the  Kirchoff  approximation.^’®  The  forward 
scattered  amplitude  in  that  approximation  is  simply  (2/a)  (jro*/A)  =  2ira/A  ~  3.6  as  compared  with 
Ap  =  2.4.  However  the  dominant  contribution  to  the  form  function  in  this  region  comes  not  from  the 
the  highlight  located  at  the  ensonified  end,  but  rather  from  along  the  length  of  the  scatterer. 


N  w 


Range  (x  100  m)  Range  (x  100  m) 


(«)  ((>) 

Figure  4  -  -  Acoustic  image  of  (a)  the  cylinder  with  aperture  0'’<  6  <30°,  (b)  a  point  sources  with 
amplitude  Ap  =  2.44  and  position  Zp  =  —.55m  and  a  uniform  line  source  with  amplitude  At  =  13.5, 
length  L  =  110m  and  ci/c  =  1. 


CONCLUSION 

Several  images  were  generated  from  the  scattered  acoustic  field  from  a  finite  cylindrical  shell  with 
hemispherical  endcaps,  ensonified  on  the  end.  These  images  were  generated  using  specific  angular 
apertures  which  were  meaningful  in  light  of  the  acoustic  phenomena  involved  in  the  scattering.  The 
apertures  included  one  or  two  side-lobes  of  the  phenomena. 

Several  physical  results  Me  obtained  from  the  analysis.  One  is  that  specular  reflection  from  the 
ensonified  end  is  present  at  all  angles  studied.  The  magnitude  of  the  scattering  from  this  end  is 
consistent  with  a  sphere  of  that  size.  The  specular  reflection  interferes  with  sound  radiated  from  a 
plate  wave  propagating  along  the  length  of  the  cylinder  and  creates  an  asymmetric  pattern  near  73°. 
Finally,  the  forward  scattering  is  generated  from  sources  along  the  whole  length  of  the  cylinder. 

In  conclusion,  imaging  hris  been  used  to  understand  the  scattering  from  a  finite  body  with  end 
ensonification.  This  ensonification  angle  creates  a  symmetry  which  allowed  the  imaging  algorithm  to 
be  simplified  as  Eq.  3.  This  method  can  also  be  used  for  a  scatterer  of  any  shape  and  ensonification 
angle. 
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ABSTRACT 

The  sound  radiation  irom  vibrating  machine  structures  of  arbitrary  shape  into  three-dimensional  space  will  be 
calculated  by  approximating  the  normal  velocity  on  the  surface  as  a  superposition  of  velocities  generated  by 
multipoles,  which  are  distributed  over  the  interior  of  the  radiator.  The  resulting  surface  velocity  error  can  be 
minimized  in  different  ways.  The  standard  approach  is  to  fix  the  origin-coordinates  of  the  multipoles  and  to 
solve  the  resulting  linear  least  squares  problem  for  the  unknown  amplitudes  of  the  multipoles.  In  addition  we 
also  try  to  find  optimal  positions  for  the  multipole  locations,  because  this  choice  has  a  strong  influence  on  the 
surface  velocity  error.  A  nonlinear  least  squares  problem  has  to  be  solved  to  find  the  optimal  multipole  po¬ 
sitions  in  the  interior  of  the  radiator  automatically.  This  has  been  done  numerically  by  using  the  Levenberg- 
Marquardt  method.  Advantages  of  the  multipole  radiator  synthesis  with  optimally  located  auxiliary  sources 
are  an  improved  accuracy  and  a  highly  adaptive  approximation.  The  sound  radiation  of  a  cube  and  a  cylinder 
will  be  investigated  in  order  to  compare  these  tenefits  w<th  the  price  of  having  to  solve  a  nonlinear  least 
squares  problem . 

1.  INTRODUCTION 

With  the  help  of  commercially  available  flnite-element  programs  (FEM  programs)  the  vibration  behavior  of 
complex  structures  like  gearboxes  or  engine  blockes  can  be  determined  very  accurately.  However,  the  calcu¬ 
lation  of  sound  radiated  by  vibrating  structures  into  the  inflnite  free  space  encounters  some  difflculties,  since 
the  FEM  is  especially  suited  for  the  treatment  of  finite  domains.  A  second,  often  used  approach  -  the  boundary 
element  method  (BEM)  -  leads  to  a  fully  populated  complex  and  asymmetric  system  of  linear  equations  of 
high  dimension,  which  can  be  solved  only  by  using  a  big  amount  of  solution  time  on  high  speed  computers. 
Therefore,  we  have  developed  a  fast  numerical  method  for  solving  the  radiation  problem  -  the  multipole  ra¬ 
diator  synthesis  or  shorter:  the  multipole  method  (MPM).  The  basic  idea  of  the  MPM  is  to  replace  the  vibrat¬ 
ing  structure  by  a  system  of  multipoles,  which  ate  located  in  the  interior  of  the  radiating  body.  The  number, 
amplitudes,  locations,  types  and  orders  of  the  multipoles  have  to  be  chosen  in  such  a  way,  that  the  difference 
between  the  prescribed  normal  velocity  on  the  surface  and  the  velocity  field  generated  by  the  multipoles  is  as 
small  as  possible.  For  minimizing  this  surface  velocity  error  different  techniques  have  b^n  used.  All  of  them 
have  in  common  that  they  try  to  determine  the  amplitudes  of  the  multipoles  while  keeping  unchanged  the  mul¬ 
tipole  positions  and  other  parameters.  In  this  case  the  MPM  can  be  considered  as  a  method  of  weighted  resid¬ 
uals.  Depending  on  the  choice  of  weighting  functions  different  variants  of  the  MPM  like  the  null  field  method, 
the  method  of  Cremer  or  a  linear  least  squares  approximation  is  obtained  (see  [1]).  However,  in  many  appli- 
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cations  the  choice  of  the  multipole  locations  can  have  a  strong  influence  on  the  surface  velocity  error.  There¬ 
fore  we  try  to  find  optimal  values  for  the  amplitudes  and  for  the  multipole  positions.  For  the  determination  of 
the  amplitudes  we  use  the  linear  least  squares  approximation  (called  MPQUAD,  see  [1]).  For  finding  the  op¬ 
timal  multipole  positions  automatically  a  nonlinear  least  squares  problem  has  to  be  solved,  which  we  did  iter¬ 
atively  by  applying  the  Levenberg-Maiquardt  method.  The  extended  MPM  is  used  to  calculate  the  sound 
radiation  from  a  cube  and  a  cylinder  in  order  to  compare  the  advantage  of  higher  accuracy  with  the  disadvan¬ 
tage  of  solving  a  nonlinear  least  squares  problem.  The  results  of  a  “one-point-source  test”  (OPS-test)  and  a 
“one-line-sourcc  test”  (OLS-test)  show  an  enormous  gain  of  accurancy.  For  the  future  more  detailed  investi¬ 
gations  are  planned.  Especially  the  comparison  with  experimentally  obtained  data  seems  to  be  of  great  interest. 
We  found  the  mathematical  idea  of  optimizing  the  source  locations  and  using  the  Levenberg-Marquardt  meth¬ 
od  in  the  woric  of  Mathon  and  Johnston  [2].  In  contrast  to  this  approach  they  propose  the  use  of  fondamental 
solutions  as  trial  functions  -  in  acoustic  language:  the  use  of  monopoles  - ,  while  we  are  working  with  multi¬ 
poles  of  arbitrary  order. 

2.  STATEMENT  OF  THE  RADIATION  PROBLEM 

If  harmonic  time  dependence  of  the  field  quantities  is  considered  with  an  angular  frequency  (O,  the  complex 
amplitude  p  of  the  sound  pressure  has  to  satisfy  the  scalar  Helmholtz  equation 

Ap  +  k^p  =  0  (1) 

in  the  exterior  B+  of  the  radiating  body  B  (see  Fig.  1),  where  k  =  (o/c  is  the  wavenumber,  c  the  speed  of  sound 
and  A  the  Laplace  operator;  the  time  factor  exp(  -  i  m  t )  with  i^  =  -1  is  supresssed  in  all  field  quantities.  On 
the  surface  S  the  normal  velocity  v  and  therefore  the  normal  derivative  of  the  pressure 

3p  /  3n  =  imp  v  (2) 

is  prescribed,  where  p  is  the  fluid  density  and  d  /  dn  is  the  derivative  in  the  direction  of  the  outward  normal  n. 
In  addition,  the  pressure  p  has  to  satisfy  the  Sommerfeld  radiation  condition, 

which  can  be  interpreted  as  a  boundary  condition  at  infinity.  Therefore,  the  Neumann  boundary  value  problem 
represented  by  Eqs.  (1)  -  (3)  has  to  be  solved. 

3.  THE  MULTIPOLE  METHOD  WITH  OPTIMIZED  AMPLITUDES  (MPA) 

For  the  sound  pressure  p  we  make  the  substitution 

N 

P=  V*.  (4) 

1 

where  the  trial  functions  (pic  are  radiating  wave  functions,  which  by  definition  satisfy  Eqs.  (1)  and  (3).  The  cj^ 
arc  yet  unknown  coefficients.  By  substituting  the  series  (4)  into  the  boundary  condition  (2),  one  obtains  the 
error,  or  the  so-called  residue 


e 


N 

rapv- 

I 


(5) 
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at  the  surface  of  the  radiator,  which  we  require  to  be  minimal.  To  carry  out  the  minimization  we  follow  the 
method  of  weighted  residuals.  By  multiplying  e  with  N  so-called  weighting  functions  wj  and  integrating  over 
the  surface  S,  we  obtain  the  following  system  of  linear  equations  for  the  determination  of  the  N  unknown  co¬ 
efficients  C]c; 


X  (y)  (y)  (y)  =  (y)  ds  (y) . 


As  trial  functions  we  use  the  spherical  wave  functions  -  x^)  with  different  locations  Xq  for  the  origin  of 
the  wave  functions.  This  enables  us  to  treat  atbitrary  geometries,  e.g.  L-shaped  structures.  I?  we  use  only  one 
origin  for  all  \|t|c ,  we  are  limited  to  the  treatment  of  sphere-like  geometries.  Depending  on  the  choice  of  the 
weighting  functions,  we  obtain  different  variants  of  the  MPM:  If  =  \|tj(x  -  Xq),  we  obtain  generalized  null 
field  equations.  For  wj  =  [dyj(x  •  Xq)  /  dn]*  we  get  the  method  of  the  least  squares  approximation  (MPQUAD). 
The  asterisk  denotes  complex  conjugation.  More  detailed  infonnation  can  be  found  in  [1].  We  recommend  the 
MPQUAD,  since  it  minimizes  the  radiated  sound  power  in  a  ceitain  way  [1]. 

4.  THE  MULTIPOLE  METHOD  WITH  OPTIMIZED  AMPLITUDES  AND  SOURCE 
LOCATIONS  (MPAS) 

Since  the  sound  pressure  p  is  a  superposition  of  spherical  wave  functions  '  V  variable  source  lo¬ 
cations  as  desiibed  in  Eq.  (4),  the  corresponding  normal  velocity  on  S  is 


9=I*=1 


where  we  have  used  Eq.  (2)  and  the  definitions 


^k 


(^1.  I>  . ^9“  • 


Here  Q  is  the  number  of  source  locations  and  N  the  number  of  the  multipoles.  The  least  squares  error  has  the 
form 


where  the  surface  S  was  discretized  into  M  elements  F^  with  area  AFj.  AH  field  quantities  are  supposed  to  be 
constant  over  one  element;  for  instance  v  =  V;  on  AFj.  Now  we  have  to  choose  c  and  Xq  in  such  a  way  that  the 
error  becomes  minimal.  To  find  the  vector  of  amplitudes  c  we  use  the  linear  least  squares  approximation 
MPQUAD  (see  [1]).  For  determining  the  Xq  we  need  another  algorithm,  since  the  Xq  depend  nonlinearly  on 
these  parameters. 
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5.  THE  NUMERICAL  METHOD 


For  solving  the  nonlinear  least  squares  problem  we  use  the  Levenberg-Marquardt  algorithm,  which  we  de¬ 
scribe  only  briefly  by  following  the  detailed  rep'-sentation  given  in  [3].  Hrst  we  have  to  determine  the  quan¬ 
tities 


a  _ 

P*  -  -55^’ 


(10) 


where  is  the  Kronecker  symbol  and  the  U|c  are  a  suitable  arrangement  of  the  3Q  source  coordinates  of  the 
multipole  locations  Xq  in  the  three  dimensional  space  (e.g.:  Xq-j  =  (u  1,02,03)).  The  parameter  k  depends  on  the 
result  of  the  actual  iteration.  If  k  goes  to  0,  we  get  the  inverse  Hessian  method;  if  k  becomes  very  large,  we 
get  the  steepest  descent  method.  The  calculation  of  the  components  ot^  and  requires  to  know  the  gradient 
of  the  functions  hj^  with  respect  to  the  uj^  (see  (7),  (8)).  As  shown  in  [3]  it  is  not  necessary  to  compute  the 
second  derivatives  explicitly.  For  the  determination  of  the  gradient  we  proceed  in  a  similar  manner  as  descibed 
in  [1,  Eq.  (3S)].  By  solving  the  linear  system  01  equations  for  the  increments  Eq  of  the  multipole  positions 


A  •  =  h 


(11) 


with  the  matrix  A  =  (ay)  and  the  vector  b  =  (P^)  we  get  the  new  source  positions  Xq  ne,^  =  Xq  +  Eq. 

Ibe  main  steps  of  the  algorithm  are; 

1 .  Compute  the  amplitudes  c  and  for  estimated  starting  values  Xq. 

2.  Choose  a  certain  value  for  k  (e.g.  k  =  0.0001). 

3.  .Solve  system  (10)  for  the  increments  Eq. 

4.  Compute  new  amplitudes  c  by  using  the  MPQUAD  with  new  source  locations 
Xq  „w  =  Xq  +  EL  and  evaluate  the  new  surface  velocity  error  x^new 

3.  If  X  mw  <  UK  iteration  step  was  succesful.  k  is  decreased  by  a  certain  factor  and  the  next 
iteration  is  performed  by  setting  Xq  =  Xq  and  going  back  to  point  3. 

6.  If  x^new  >  ^  must  be  increased.  We  again  go  back  to  3,  but  now  we  have  to  use  the  old  Xq. 

7.  As  suggested  in  [3],  the  iteration  process  is  stopped  if  Ix^new '  X^l  'S  small  enough  during  a  few 
successive  iterations. 

6.  RESULTS 

6.1  Results  for  a  cube 

The  first  test  structure  we  have  investigated  is  the  cube  shown  in  Fig.  2.  The  surface  of  the  cube  is  divided  into 
96  equally-sized  squares.  The  length  of  one  edge  is  0.25  m.  The  origin  of  the  coordinate  system  (x,y,z)  = 
(0,0,0)  is  identical  with  the  centroid  of  the  cube.  For  constructing  the  velocity  field  on  the  surface  we  per¬ 
formed  a  so-called  OPS-test.  That  means;  we  set  an  (imaginary)  point  source  -  in  this  case  a  monopole  -  in  the 
origin  and  evaluate  the  generated  normal  velocity  on  the  surface  of  the  radiator.  The  resulting  velocity  field 
was  used  as  an  input  for  the  program.  To  reconstruct  the  sound  field  with  the  help  of  the  MPAS  we  put  another 
monopole  near  one  comer  of  the  cube  at  the  position  (0. 1  m,  0. 1  m,  0. 1  m).  After  nearly  30  iteration  steps  this 
source  has  reached  the  optimal  location  (0,0,0)  as  shown  in  Fig.  3  and  5.  In  Hg.  4  the  corresponding  surface 
velocity  error  x^  is  shown,  which  decreases  with  an  increasing  number  of  iterations.  In  all  calculations  ka  is 
the  Helmholtz  number  with  a  =  0. 1  m  and  k  =  wavenumber.  It  is  interesting  to  note  that  the  wandering  mono- 
pole  escaped  from  the  cube  in  the  vicinity  of  iteration  4.  However,  this  effect  does  not  disturb  the  convergence 
behavior  towards  the  optimal  position  (0,0,0). 

6.2Rfi5uli5foraLcylindcr 

The  geometry  of  the  cylinder  is  shown  in  Fig.  6.  The  length  of  the  cylinder  is  0.8  m,  its  diameter  0.2  m.  The 
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Structure  consists  of  160  elements.  First  we  performed  an  OPS-test  for  three  dinerent  frequencies  as  desribed 
in  chap.  6.1.  After  nearly  20  iterations  the  monopole  source  has  moved  from  the  starting  position  at  (0.3m, 
0.3m,  0.3m)  to  the  optimal  position  (0,0,0),  where  the  “imaginary"  point  source  is  located  (see  Fig.  7).  Fig.  8 
shows  that  the  corresponding  x^-crtor  goes  to  0  -  as  expected. 

We  also  performed  an  OLS-test,  The  situation  is  scetched  in  Fg.  11.  We  put  a  pulsating  line  source  into  the 
cylinder  and  proceed  as  if  we  would  perform  an  OPS-test  (details  can  be  found  in  [l]).The  results  are  shown 
in  Fig.  9-1 1 :  We  worked  with  two  multipoles  up  to  order  one.  Therefoiie  each  multipole  consists  of  one  mono¬ 
pole  and  three  dipoles.  Starting  and  end  positions  are  shown  in  Fg.  9  and  1 1 .  It  is  obvious  that  the  end  positions 
are  optimal  for  simulating  an  line  source  with  two  multipo!e.s.  This  can  also  lx  seen  from  the  decreasing  x^- 
error(Fig.  11). 


7.  CONCLUDING  REMARKS 

The  investigation  of  idealized  radiating  structures  like  cubes  and  cylinders  with  simply  generated  surface  ve¬ 
locity  fields  demonstrates  that  the  additional  optimization  of  the  multipole  locations  h^  a  strong  effect  on  the 
surface  velocity  error  and  improves  the  quality  of  the  sound  field  approximation  and  prediction  remark¬ 
ably  .Therefore,  the  application  of  the  MPAS  is  very  promising  and  the  higher  amount  of  computer  time  is  jus¬ 
tified.  Real  structures  with  complicated  shapes  often  consist  of  a  few  thousand  elements,  and  the  surface 
velocity  is  only  known  from  measurements  orFEM  caculations.  Therefore,  optimal  positions  are  not  known 
a  priori,  it  seems  to  be  possible  to  improve  the  accuracy  of  the  sound  field  prediction  for  machine  structures 
by  using  the  MPAS  in  a  similar  order  of  magnitude  as  found  in  the  investigation  presented.  Such  investiga¬ 
tions  of  teal  structures  are  planned  for  the  near  future. 
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Fig.  2:  Grid  of  the  cube 


Fig.  3:  OPS-test  for  the  cube;  starting  position  of  the  variable 
monopole  is  (0.1in,0.1m,0.1in).  Optimal  position  is  the  origin. 
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Fig.  4 :  OPS-test  for  the  cube:  L2-error  x  over  number  of  iterations  (situation 
as  in  Fig.  3) 
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Fig.  6:  Grid  of  the  cylinder  Fig.  7:  OPS-test  for  the  cylinder:  starting  position  of  the 

monopoie  is  (0m,0m,0.3m);  optimal  position  is  the  origin. 


Fig.  8 :  OPS-test  for  the  cylinder:  L2-enor  x  over  number  of  iterations  (situation  as  in  Fig.  7) 
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Fig.  9:  OLS-test  for  the  cylinder  starting  position  of  the  two  multipoles  are 
(0m,0m,-f0.3m)  and  (0m,0m,-0.3m),  optimal  position  is  the  origin. 
Position  of  the  line  source  as  in  Fig.  1 1. 


2 

Fig.  10 :  OLS-test  for  the  cylinder  L2-error  %  over  number  of 
iterations  (situation  as  in  Fig.  9) 


Fig.  1 1 :  Draft  of  the  location  of  the  line  source  and  the  journey  of  the  multipoles 
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ABSTRACT 

The  resonant  behavior  of  solid  or  hollow  oblong  submersed  elastic  objects  is 
studied  both  theoretically  and  experiMntally.  The  resonances  have  been  studied 
directly,  by  a  calculation  of  surface  wave  displacements,  or  inferentially,  by 
calculations'  or  observations  of  echoes  from  plane  incident  acoustic  waves  with  axial, 
broadside,  or  general  oblique  incidence  onto  the  submersed  objects.  For  the  latter,  we 
considered  solid  or  hollow  spheroids,  or  cylinders  with  flat  or  with  hemispherical  ends. 
Resonances  are  obtained  theoretically  from  the  phase  matching  of  surface  waves,  which 
physically  form  standing  waves  in  this  case.  A  bar  wave  picture  of  resonant  vibration 
has  also  been  considered;  it  is  shown  to  apply  in  the  low-ka  region  while  surface  wave 
pictures  apply  in  the  high-ka  region,  and  the  two  pictures  merge  in  the  intermediate 
region.  The  dispersion  of  surface  waves  along  the  object  for  axial  incidence  is  t.cated 
exactly.  For  broadside  incidence,  simultaneous  excitation  of  meridional  and 
circumferential  surface  wave  is  noted.  The  same  surface  wave  picture  applies  for  sound 
radiation  from  these  objects  following  point  excitation. 

INTRODUCTION 

Experlswntal  studies  on  the  resonant  behavior  of  submersed  elastic  objects,  subject 
to  incident  acoustic  waves  and  pulses,  have  been  carried  out  for  about  a  decade  at  US 
(1-3),  Gersun  I4],  and  especially  at  French  acoustics  laboratories  (5-81 .  These  studies 
were  motivated  by  the  establishawnt  of  the  acoustic  Resonance  Scattering  Theory  (RST) 
(9-11!  which,  together  with  the  physical  interpretation  of  the  elastic-body  resonances 
in  terms  of  phase-matching  surface  waves  [12],  has  been  brilliantly  verified  by  the 
experiments.  The  outcome  of  these  studies,  of  which  the  above  references  (1-8)  Just 
constitute  a  small,  representative  selection  (for  sK>re  recent  updates  on  the  extensive 
investigations  that  have  been  perforawd  on  this  subject,  see  the  books  quoted  in  Refs. 
(3]  and  [11]}  consists  in  the  following  information: 

(a)  The  eigenfrequencies  of  elastic  objects  were  determined  from  the  observed 
resonance  spectra.  This  was  done  first  for  the  simplest  objects  such  as  solid  spheres 
and  infinite  (i.e.)  very  long  cylinders,  but  subsequently  also  for  solid  and  hollow 
objects  of  more  complex  shapes,  mainly  for  spheroids  and  finite  cylinders  with  flat  or 
hemispherical  endcaps.  This  also  includes  the  strength  of  the  acoustic  excitation 
(i.e.,  the  peak  heights),  and  the  widths  of  the  resonance  peaks. 
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(b)  Using  phase  matching  arguments,  the  observed  resonances  were  classified  in 
terms  of  the  surface  waves  that  generated  them  (a  surface  wave  launched  by  the  incident 
wave,  which  is  circumnavigating  the  object  on  a  closed  path,  causes  a  resonant  buildup 
of  the  surface  wave  amplitude,  and  hence  resonant  scattering,  if  phase  matching  takes 
place  upon  each  circumnavigation).  This  led  immediately  to  a  classification  of  the 
various  kinds  of  surface  waves  that  the  submersed  elastic  object  can  support,  and  that 
were  in  fact  excited  by  the  Incident  wave. 

(c)  The  spacing  of  the  resonance  families  belonging  to  a  given  type  of  surface 
waves  permitted  a  prediction  of  the  dispersion  curves  of  each  of  these  surface  wave 
types;  both  phase  and  group  velocities,  and  the  losses  due  to  radiation  could  be 
obtained  in  this  way. 

(d)  A  convenient  way  of  representing  the  above  data  consists  in  plotting  the 
"Regge  trajectories"  of  each  surface  wave  type,  where  the  successive  mode  numbers  in 
each  wave  are  graphed  vs.  the  frequency  values  at  which  the  mode  resonates. 

In  addition  lo  such  studies  of  the  surface  waves  on  elastic  objects,  excited  by 
incident  acoustic  waves  and  inferred  from  the  resonances  they  generate  as  observed  in 
scattered  echoes,  the  surface  waves  have  also  been  examined  when  generated  by  mechanical 
forces  acting  on  the  elastic  object,  leading  to  acoustic  radiation  that  displays  related 
resonance  effects  [13].  Both  scattering  and  radiation-generated  resonances  will  be 
discussed  in  the  following. 

SURFACE  WAVE  GENERATION;  BROADSIDE  IS.  END-ON 

It  was  shown  for  cylinder  and  sphere  scattering  that  analytically,  resonances  in 
the  scattering  amplitude  are  described  (9,  10]  by  terms  of  the  form 

l/(xi,j  -  X  12)  (1) 

wher  .  =  ka,  k  being  the  wave  number  in  the  ambient  fluid  and  a  the  cylinder  or  sphere 
radl.  For  oblong  bodies,  e.g.  spheroids,  one  may  instead  use  the  variable  X  =  kL/2, 
L  being  the  length  of  the  object.  Equation  (1)  shows  that  the  resonant  amplitude  has 
poles  in  the  complex  frequency  plane  located  at 

X  =  Xj,^  -  i  12,  (2) 

i.e.  in  the  fourth  quadrant.  For  electromagnetic  waves,  this  has  beer,  noted  by  Baum 
[14],  who  based  his  "Singularity  Expansion  Method  (SEM)"  of  electromagnetic  scattering 
on  this  concept.  On  the  other  hand,  it  was  shown  by  Franz  [15]  by  applying  the  Watson 
transformation  to  the  modal  series  of  scattering,  that  circumferential  ("creeping"  or 
"surface")  waves  arise  in  the  scattering  process,  which  e.g.  for  a  cylinder  have  the 
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Fig.  1.  Complex  eigen  - 
frequencies  of  rigid 
and  soft  elongated  bodies. 


Fig.  3.  Generation  of 

Fig.  2.  Resonances  of  WC  cyl-  circumferential  and 
inder  (experimental,  broadside  meridional  surface  waves 
incidence).  by  broadside  incidence  on 

a  hemispherical ly-capped 
cylinder. 
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form  exp(lV<S),  with  a  circumferential  propagation  constant  V  given  by  y=V^  ,  which 
are  the  location  of  poles  of  the  scattering  amplitude  in  the  complex  v  -plane  obtained 
from  the  Watson  transformation!  these  are  known  as  the  "Watson  poles"  in 
electromagnetics,  or  "Regge  poles"  in  nuclear  physics.  The  connection  between  SEM  poles 
and  Watson-Regge  poles  was  established  by  Dickey  and  Uberall  [16]  in  1978. 

The  £th  surface  wave  exp(i  becomes  resonant  at  =  n  because  then,  an 

integer  number  of  wavelengths  fits  the  circumference  of  the  scatterer.  This  "principle 
of  phase  matching"  [12,17]  can  be  used  to  determine  the  nth  modal  resonance  frequency 
(i.e.,  the  position  of  the  corresponding  SEM  pole)  from  the  resonance  condition 

Vf  =  n.  (3) 

This  leads  to  the  physical  picture  of  the  resonances,  showing  that  a  resonance 
originates  from  the  resonant  buildup  of  a  multiply  circumnavigating  surface  wave  when  it 
matches  phase  after  each  encirclement  of  the  scatterer..  This  principle  can  be  used  in 
order  to  determine  the  resonance  frequencies  of  bodies  of  arbitrary  shape  [17],  the  task 
here  is  mainly  to  obtain  the  surface  paths  of  resonating  surface  waves.  As  an  example 
of  this  approach,  we  show  in  Fig.  1  the  complex  resonance  frequencies  (L/2a)xp^ 

obtained  by  the  phase  matching  condition  for  rigid  or  soft  spheroids  and 
hemispherically-endcapped  cylinders  of  length  L  and  radius  a,  for  aspect  ratios  2!l, 
3:1,  and  5:1  and  assuming  meridionally  propagating  surface  waves,  i.e.,  axial  incidence 
of  the  acoustic  wave  generating  these  surface  waves  [18]. 

The  results  of  an  experimental  study  on  the  resonances  of  a  solid  tungsten  carbide 
cylinder  of  finite  length,  terminated  by  hemispherical  endcaps,  are  in  press  [8].  Both 
axial  and  broadside  incidence  was  employed  here.  The  Interesting  features  appearing  in 
Fig.  2  which  shows  the  backscattering  spectrum  at  broadside  incidence,  are  the  fact  that 
not  only  the  resonances  that  correspond  to  the  phase  matching  of  surface  waves 
propagating  circumferentially  around  the  cylinder  are  visible  [labeled  by  (n,'^  )  where 
n  =  mode  number,  £■=  1,  2,  3  surface-wa^  family  index],  but  also  those  of  meridionally 
propagating  surface  waves,  labeled  by  (n,£  ).  All  the  latter  resonances  are  those,  and 
only  those,  seen  in  the  backscattering  spectrum  for  axial  Incidence  in  the  same 
experiment  [8).  The  reason  for  the  broadside  excitation  of  both  types  of  closed-path 
surface  wave  phase-match'  resonances  is  schematically  shown  in  Fig.  3  (although  this 
figure  refers  to  an  impenetrable  cylinder,  hence  tangential  excitation  of  the  surface 
waves):  the  meridional  wave  gets  excited  on  the  endcaps. 

Graphs  analogous  to  Fig.  2,  obtained  from  a  T-matrix  calculation  of  backscattering 
for  axial  and  broadside  incidence  for  a  4:1  nickel  spheroid,  are  shown  e.g.  in  Ref. 
[19],  reproduced  below  in  Fig.  4,  (a)  for  axial  and  (b)  for  broadside  incidence.  The 
form  function  (a)  shows  the  n  =  2  Rayleigh-wave  peak  at  kL/2  =  7.0,  caused  by  the  phase 
matching  of  a  meridionally  propagating  Rayleigh  wave.  The  same  peak  also  appears  at 
broadside  incidence  (b),  indicating  that  even  in  this  case,  meridional  waves  were 


Fig.  4.  Residual  response  vs.  kL/2  for  a  4:1  Fig.  6.  As  in  Fig.  4,  Incidence 

nickel  spheroid:  (a)  end-on  incidence,  (b)  at  50°  to  symmetry  axis, 

broadside  incidence. 
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generated  (while  generally,  the  surface  waves  generated  here  propagate  equatorially 
around  the  object,  see  Fig.  3). 

In  Fig.  4a,  the  first  resonance  frequency  is  lower  than  in  the  broadside  case  of 
Fig.  4b.  This  is  because  in  broadside  incidence,  the  surface  waves  follow  a  minimal 
path  around  the  spheroid,  i.e.,  parallel  to  the  equator.  For  end-on  incidence,  the 
surface  waves  follow  a  maximal  path,  i.e.  around  a  meridian.  Thus  the  resonance 
frequency  is  higher  for  broadside  incidence. 

SURFACE  WAVES  FROM  OBLIQUE  TNOIDENCE 

Experiments  on  the  excitation  of  surface  waves  on  elastic  cylinders  and  cylxndrical 
shells  by  obliquely  incident  waves  have  been  carried  out  at  French  laboratories  since 
1986  [20,21].  The  Important  discovery  here  was  the  observation  of  resonances  caused  by 
axially  propagating  waves  ("guided  waves"),  analogous  to  the  above-mentioned  meridional 
waves.  The  combination  of  circ— .^r»ential  and  guided  waves  can  be  viewed  as  leading  to 
helically  propagating  waves  (2", 23].  An  example  for  these  is  given  in  Fig.  5,  where  the 
simplest  closed  geodesics  ("helicoidal  paths")  for  sp) eroids  are  shown;  these  paths  were 
used  to  predict  by  phase  matching  the  electromagnetic  resonance  frequencies  of 
conducting  spheroids  [24]. 

In  the  elastic-body  case.  Fig.  6  shows  resonances  excited  by  oblique  acoustic 

In  the  elastic-body  case.  Fig.  6  shows  resonances  excited  by  oblique  acoustic 

incidence,  at  50°  to  the  symmetry  axis,  in  the  nickel  spheroid  mentioned  above.  Here, 
bending  resonances  are  dominant  in  which  the  spheroid  (at  4:1  being  sufficiently  long 
and  bar-like)  undergoes  bending  vibrations  about  its  long  axis;  and  these  are  strongly 
excited  by  obliquely  Incident  waves. 

The  question  has  been  brought  up  [25]  whether  the  resonances  generated  by  axially 
incident  signals  can  also  be  interpreted  in  terms  of  (longitudinal)  bar  waves.  In  the 
surface  wave  picture,  the  resonances  are  determined  by  the  phase  matching  condition. 

^k^ds  =  27r(n  +  ^),  n=l,2,3...  (4) 

integrated  over  a  closed  surface  path,  while  bar  waves  require 

2  j  k^^  dx  =  27j'm,  m  =  1,2,3...,  (5) 

k^  and  k^^  being  the  wave  numbers  of  the  corresponding  waves  and  m  the  number  of 
half-wavelengths  along  the  overall  length  L  of  the  object.  For  k^*’,  we  use  the  wave 
number  for  an  infinite  cylinder,  while  for  k^  in  Eq.  (4)  one  can  employ  the  "tangent 
sphere"  approximation  where  e.g.  on  a  spheroid,  the  surface  wave  path  is  locally 
approximated  by  that  on  a  tangent  sphere  [17],  with  known  values  of  k^,.  In  that 
method,  a  constant  (Rayleigh-type)  wave  number  can  be  employed  on  the*'  cylindrical 
portion  of  e.g.  a  cylinder  with  hemispherical  endcaps.  This  will  be  referred  to  as 
PM-TS.,  However,  the  known  wave  number  on  an  infinite  solid  cylinder  can  be  used  for 
this  purpose  (an  example  being  shown  in  Fig.  7  for  a  steel  cylinder,  the  phase  velocity 
tending  to  that  of  the  Rayleigh  were  at  high  frequencies),  thereby  taking  the  transverse 
curvature  into  account.  This  model  will  be  called  PM-IC.  Using  the  dispersion  curve  of 
Fig.  7,  one  may  also  employ  the  "bar  wave"  resonance  condition  Eq.  (5);  that  model  can 
be  called  LBW.  We  have  applied  all  these  models  [26]  to  hemispherically  capped  steel 
cylinders  as  shown  in  Fig.  8.  Here,  the  Regge  trajectories  indicate,  by  comparison  with 
experimental  results  shown  as  circles,  the  correctness  of  phase  matching  (PM-IC  and 
PM-TS)  at  high  frequencies.  Low  frequency  experiments  are  not  available  in  this  case, 
but  for  other  examples  these  showed  that  both  the  bar  wave  and  especially  the  PM-IC 


Fig.  5.  Examples  of  simple  closed 
geodesics  on  a  prolate  spheroid. 
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model  fic  the  dace  well  at  low  frequencies. 
RADIATION  PROBLEMS 


We  next  consider  the  radiation  and  scattering  from  a  stiffened  cylindrical  shell 
with  flat  flexible  endcaps  [27].  The  NASTRAN/ SIERRAS  code  was  used  to  perform  mobility, 
radiation  and  scattering  analysis  for  the  shell.  The  NASTRAN  program  is  a  general 
purpose  finite  element  code.  In  the  NASTRAN/SIERRAS  approach  it  is  used  Co  obtain  Che 
structural  matrices  used  by  SIERRAS  to  represent  the  dynamic  response  of  the  structure 
in  vacuo.  The  SIERRAS  (Surface  Integral  Equation  Radiation  and  Scattering)  code  is  an 
advanced  boundary  element  code  for  analyzing  the  radiation  and  scattering  from  arbitrary 
structures  [28,29]. 

The  NASTRAN  finite  element  model  consists  of  approximately  10000  degrees  of  freedom 
(DOF).  It  includes  four  plate  elements  between  stiffeners  and  grid  points  every  five 
degrees  around  the  circumference.  Cuyan  reduction  was  used  to  reduce  the  analysis  set 
to  813  DOF  prior  to  running  SIERRAS.:  The  analysis  set  included  one  grid  point  between 
stiffeners  and  a  point  every  ten  degrees  around  the  circumference. 

The  SIERRAS  boundary  element  model  uses  437  wet  fluid  degrees  of  freedom  in  the 
analysis..  The  fluid  element  is  a  nine-noded  superparameCric  boundary  element. 

The  measured  and  computed  radial  drive  point  mobility  is  shown  in  Figure  9.  The 
forced  point  was  on  the  center  stiffener  at  the  midpoint  of  the  shell  in  the  radial 
direction.  The  peaks  shown  on  Che  figure  are  the  (1,2),  (1,3),  (1,1),  and  (1,4)  modes 
of  the  shell,  respectively.  The  mode  numbers  refer  to  the  number  of  longitudinal  half 
waves  and  the  number  of  circumferential  whole  waves.  Therefore  the  1,4  wave  consists  of 
one  longitudinal  half  wave  along  the  shell  and  four  whole  waves  around  Che 
circumference. 

The  radiated  noise  from  the  shell  is  given  in  Figure  10.  Measured  and  computed 
results  are  shown  for  a  location  60  feet  in  the  radial  direction  from  the  drive  point. 
The  (1,1)  mode  is  responsible  for  the  wide  peak  at  300  Hz  and  corresponds  to  the  bending 
mode  of  the  cylinder. 

Finally,  the  scattering  for  the  shell  for  broadside  incidence  is  shown  in  Figure 
11.  Although  no  measured  results  are  provided,  the  comparisons  with  radiated  noise 
measurements  above  and  previous  scattering  analyses  [28,29]  yield  a  reasonable  level  of 
confidence  in  the  results.  The  scattering  results  are  normalized  by  a  factor  of  R/a 
where  R  is  the  distance  of  the  observation  point  and  a  is  the  radius  of  the  cylinder. 
Note  Chat  while  Che  frequencies  of  Che  resonances  are  comparable,  the  magnitudes  or 
response  are  different.  The  maximum  radiated  noise  was  obtained  for  the  (1,2)  mode 


r.  Fig.  7.  Dispersion  curves  of  the  lowest  axi-  Fig.  8.  Regge  trajectory  (number  of  rcsona. 
i  symmetrical  mode  for  an  Infinite  steel  cylinder  ting  mode  vs.  frequency)  for  solid  steel  cylinde 

f  (curve)  and  a  steel  sphere  (crosses)..  with  hemispherical  endcaps,  aspect  ratio  =  2, 
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while  the  maximum  scattering  was  found  for  the  (1,1)  bending  mode.  Scattered  pressure 
favors  the  lowest  modes  of  the  shell.  The  reason  for  this  difference  lies  in  the  fact 
that  the  incident  plane  wave  will  tend  to  excite  the  resonance  in  a  more  pure  form  than 
a  point  force.  Therefore,  below  coincidence,  the  cancellation  of  lobes  over  the  surface 
is  more  likely  to  occur  with  scattering  than  for  point  excitation. 


REFERENCES 

[1]  S.  K.  Numrlch,  W.  E.  Howell,  J.  V.  Subrahmanyam,  and  H.  Uberall,  "Acoustic  ringing 
response  of  the  individual  resonances  of  an  elastic  cylinder,"  J.  Acoust.  Soc.; 
Am.  M  (1986)  1161-1169. 

[2]  S.  G.  Kargl  and  P.  L.  Marston,  "Observations  and  modeling  of  the  backscattering  of 
short  tone  bursts  from  a  spherical  shell:  Lamb  wave  echoes,  glory,  and  axial 
reverberations,"  J.  Acoust.  Soc.  Am.  ^  (1989)  1014-1028. 

[3]  X.  L.  Bao,  H.  Uberall,  and  J.  Niemiec,  ""Experiments  on  the  excitation  of 
resonances  of  elastic  objects  by  acoustic  pulses,  and  theoretical  interpretation," 
in  Mechanics  Pan-America,  special  issue  of  Applied  Mechanics  Reviews,  1991  (in 
press);  X.  L.  Bao  and  H.  Uberall,  "Experimental  study  of  acoustic  resonances  of 
elastic  spheres  and  hemispherically  endcapped  cylinders,"  in  Acoustic  Resonance 
Scattering.  H.  Uberall,  ed.,  Cordon  and  Breach,  New  York,  1992  (in  press). 

[4]  H.  Peine,  Diplomarbeit,  III.  Physikalisches  Institut,  UniversitUt  CUttingen, 
Germany  (1988)., 

[5]  G.  Maze  and  J.  Ripoche,  "M^thode  d'isolement  et  d' Identification  des  resonances 
(MIIR)  de  cylindres  et  de  tubes  soumis  i  une  onde  acoustique  plane  dans  I'eau," 
Rev.  Phys.  Appl.  _18  (1983)  319-326. 

[6]  M.  Talmant  and  G.  Quentin,  "Backscattering  of  a  short  ultrasonic  pulse  from  thin 
cylindrical  shells,"  J.  Appl.  Phys.  M  (1988)  1857-1863. 

17)  M.  Talmant,  G.  Quentin,  J.  L.  Rousselot,  J.  V.  Subra'.manyara,  and  H.  Uberall, 
"Acoustic  resonances  of  thin  cylindrical  shells  and  'he  resonance  scattering 
theory,"  J.  Acoust.  Soc.  Am.  ^  (1988)  681-688. 

[8]  G.  Maze,  F.  Lecroq,  D.  Decultot,  J.  Ripoche,  S.  K.  Numrich,  and  H.  Uberall, 
"Acoustic  scattering  from  finite  cylindrical  elastic  objects,"  J.  Acoust.  Soc.  Am., 
in  press. 


i 

0 

« 

I 

o 

6 

X 

! 

9 

g 

8 


1 

• 

9 

_ 

• 

•  ^ 

/ 

•  • 

fn 

•I* 

ti  tM  3H 

rnouCHCv  <u2> 


Fig.  9.  Drive  point  mobility  of  a  stiffened  Fig.  10.  Radiated  noise  of  a  force-excited 
cylindrical  shell  (curve:  measured;  circles:  stiffened  cylindrical  shell  at  a  radial 
NASTRAN/SIERRAS  theoretical  results).  distance  of  60'  from  drive  point  (curve: 

measured;  circles:  NASTRAN/SIERRAS). 


1200 


[9]  H.  Uberall,  "Modal  and  surface-wave  resonances  in  acoustic-wave  scattering  from 
elastic  objects  and  in  elastic-wave  scattering  from  cavities,  in  Int.  Union 
Theoret.  and  Applied  Mecl.  (lUTAM)  Symposium;  Modern  Problems  in  Elastic  Wave 
Propagation,  edited  by  J.  Mlklowitz  and  J.  Achenbach,  Northwestern  Univ. ,  Sept. 
1977;  Proceedings  publ.  by  Wiley  (1978)  239-263. 

(10)  L.  Flax,  L.  R.  nragonette,  and  H.  Uberall,  "Theory  of  elastic  resonance  excitation 
by  sound  scattering,"  J.  Acoust.  Soc.  Am.  ^  (1978)  723-731. 

[11]  A.  Derem,  "Theorie  de  la  matrice  S  et  transformation  de  Sommerfeld-Watson  dans  la 
diffusion  acoustique,"  in  N.  GESPA,  La  Diffusion  Acoustique,  edited  by  B.  Poiree, 
CEDOCAR,  Paris  (1987)  189-279. 

[12]  H.,  Uberall,  L.  R.  Dragonette,  and  L.  Flax,  "Relation  between  creeping  waves  and 
normal  modes  of  vibration  of  a  curved  body,"  J.  Acoust.  Soc.  Am.  61  (1977)  711-715. 

[13]  P.  Pareige,  "Spectroscopic  des  resonances  acoustiques,"  Thesis,  University  of  Le 
Havre,  1988, 

(14)  C.  E.  Baum,  in  Transient  Electromagnetic  Fields.  L.  B.  Felsen,  ed..  Springer, 
Berlin/Heidelberg  1976,  129-179. 

(15)  W.  Franz,  Uber  die  Greenschen  Funktionen  des  Zylinders  und  der  Kugel,"  Zeits.  f, 
Naturforsch.  (1954)  705-716., 

(16)  J.  W.  Dickey  and  H.  Uberall,  "Surface  wave  resonances  in  sound  scattering  from 
elastic  cylinders,"  J.,  Acoust.  Soc.  Am.  ^  (1978)  319-320. 

(17)  H,  Uberall,  Y.,  J,  Stoyanov,  et  al.,  "Resonance  spectra  of  elongated  elastic 

objects,"  J.  Acoust.  Soc.  Am.  ^  (1987)  312-316. 

(18)  X.  L.  Bao,  C.  R.  Schumacher,  and  H.  Uberall,  "Complex  resonance  frequencies  in 
acoustic  wave  scattering  from  impenetrable  spheres  and  elongated  objects,"  J. 
Acoust.  Soc.  Am.  ^  (1991)  2118-2123. 

(19)  M.  F.  Werby  et  al.,  "Sound  scattering  from  submerged  elastic  objects  and  shells  of 

general  shape,"  Proc.  3rd  IMACS  Symposium  on  Computational  Acoustics,  Harvard 

University,  Cambridge,  HA,  June  1990. 

[20]  J.  L.  Izbickl,  "Diffusion  acoustique  par  des  cylindres  et  des  tubes,"  Thesis, 

University  of  Le  Havre,  1986. 

[21]  P.  Rembert,  0.  Lenoir,  F.  Lecroq,  and  J.  L.  Izbicki,  "Oblique  scattering  by 

cylindrical  shells,"  Phys.  Lett.  A157  (1991)  495-502. 

[22]  H.  Uberall  et  al.,  "Complex  acoustic  and  electromagnetic  resonance  frequencies  of 
prolate  spheroids  and  related  elongated  objects  and  their  physical  interpretation," 
J,  Appl.  Phys.  58  (1985)  2109-2124. 


rBloutNCT 


1201 


[23]  J.  M.  Conoir,  "Resonance  scattering  theory  for  oblique  incidence,"  in 
Electromagnetic  and  Elastic  Scattering.  World  Scientific,  Singapore  (1988). 

[24]  B.  L.  Merchant,  A.  Nagl,  and  H.  Uberall,  "Eigenfrequencies  of  conducting  spheroids 
and  their  relation  to  helicoidal  surface  wave  paths,"  IEEE  Trans.  Antennas 
Propagat.  37  (1989)  629-634. 

[25]  R.  Hackman,  G.  Sammelmann,  K.  Williams  ,  and  D.  Trivett,  "A  reanalysis  of  the 
acoustic  scattering  from  elastic  spheroids,"  J.  Acoust.  Soc.,  Am.  ^  (1988) 
1255-1266. 

[26]  X.  L.  Bao,  H.  Uberall  and  J.  Nlemiec,  "Sound  scattering  and  resonance  prediction 
for  a  finite  elastic  cylinder  immersed  in  water,"  J.  Acoust.  Soc.  Am.  (to  be 
published) . 

[27]  L.  H.  Chen,  "Acoustic  emission  from  submerged  structures,"  Developments  in  Boundary 
Element  Methods  2,  edited  by  F.  K.  Banerjee  and  R.  P.  Show,  Applied  Science 
Publishers,  Ltd.,  England,  1982. 

[28]  R.  D.  Miller,  H.  Huang,  E.  T.  Moyer,  and  H.  Uberall,  "The  analysis  of  the  radiated 
and  scattered  acoustic  fields  from  submerged  shell  structures  using  a  modal  finite 
element/boundary  element  formulation,"  in  Numerical  Techniques  in  Acoustic 
Radiation  (American  Society  of  Mechanical  Engineers,  New  York,  NCA  vol.  6  (1989), 
83-94, 

[29]  R.  D.  Miller,  E.  T.  Moyer,  and  H.  Uberall,  "A  comparison  between  the  boundary 
element  method  and  the  wave  superposition  approach  for  the  analysis  of  the 
scattered  fields  from  rigid  bodies  and  elastic  shells,"  J.  Acoust.  Soc.  Am.  ^ 
(1991)  2185-2196. 


1202 


T 


SECOND  INTERNATIONAL  CONGRESS  ON 
RECENT  DEVELOPMENTS  IN  AIR-  AND 
STRUCTURE-BORNE  SOUND  AND  VIBRATION 

MARCH  4-6, 1992  AUBURN  UNIVERSITY,  USA 


RAY  REPRESENTATIONS  OF  THE  BACKSCATTERING  OF  TONE  BURSTS  BY  SHELLS  IN  WATER: 
CALCULATIONS  AND  RELATED  EXPERIMENTS 


Philip  L.  Marston,  Ligang  Zhangl,  Naihua  Sun^,  Greg  Kaduchak,  and  David  H,  Hughes 

Department  of  Physics 
Washington  State  University 
Pullman,  WA  99164-2814 
USA 


j  ABSTRACT 

I  Ray  methods  are  considered  for  the  understanding  of  scattering  by  thin  and  thick  hollow  shells.  The 

I  present  research  examines  features  of  the  backscattering  ^m  spheres  and  circular  cylinders  and  emphasizes  the 

I  use  of  exact  elastic  equations  for  determining  guided  wave  properties.  One  of  the  prominent  features  described 

I  is  the  midfrequency  enhancement  of  thin  shells  that  is  also  evident  in  experiments  and  in  exact  scattering 

f  calculations.  That  feature  is  associated  with  a  wave  packet  in  the  exact  impulse  response  and  is  evident  in  a 

I  smoothed  Wigner  time-frequency  analysis  of  the  impulse  response.  The  enhancement  is  caused  by  a  strongly 

I  coupled  slightly  subsonic  wave  guided  by  the  shell.  Other  features  considered  are  the  reasons  for  minima  in  the 

radiation  doping  of  supersonic  fluid-loaded  Lamb  waves  that  result  in  weak  coupling  with  acoustic  fields. 

INTRODUCTION 

Quantitative  ray  representations  of  amplitudes  for  the  scattering  of  sound  by  hollow  elastic  shells  in 
water  were  considered  at  the  1990  congress  (!].  Hie  emphasis  of  that  discussion  was  on  leaky  Lamb  wave 
contributions  to  scattering  by  thick  spherical  shells  and  on  representations  of  steady-state  scattering  or  form 
functions.  Related  publications  discuss  computational  (2-4]  and  experimental  [2,S]  tests  of  the  ray 
representations.  The  discussion  given  below  summarizes  recent  work  to  broaden  the  range  of  scattering 
situations  for  which  ray  representations  give  quantitative  predictions  or  useful  insight  into  the  response  of  shells 
to  incident  sound.  The  emphasis  is  on  contributions  that  become  important  for  thin  shells  and  on  the  time 
domain  response  though  other  progress  is  also  summarized.  The  discussion  below  emphasizes  simple  smooth 
shapes  (hollow  spheres  and  cylinders)  though  the  echo  structure  was  also  studied  near  caustics  produced  by 
reflecting  ultrasonic  transients  and  tone  bursts  from  a  different  shape  of  thin  shell  [6,7]. 

DISTINCTION  BETWEEN  LEAKY  AND  SUBSONIC  GUIDED  WAVES 

Figure  1  illustrates  the  usual  ray  picture  for  backscattering  contributions  by  the  /th  guided  wave  where 
the  phase  velocity  of  the  wave  along  the  outer  surface  of  the  shell  c/  exceeds  the  speed  of  sound  c  in  the 
surrounding  water  ( 1 ,3,5).  Such  supersonic  waves  usually  continuously  leak  or  radiate  sound  at  an  angle  0/  = 
arcsin  (c/c/)  relative  to  the  shell  normal  determined  by  the  trace  velocity  matching  condition  (see  however, 
di.scussion  below).  To  facilitate  the  extension  of  midfrequency  ray  methods  to  Uiin  shells,  it  is  necessary  to 
allow  for  subsonic  guided  waves  where  c/  <  c.  Figure  2  shows  the  modified  ray  picture  [8,9]  where  the 
*  coupling  is  through  an  evanescent  region  having  a  thickness  (b/  -  a)  =  (ac/c/)(  1  -  ci/c)  that  diverges  as  the  outer 
f  radius  a  of  the  shell  diverges.  Apparent  from  truncations  or  other  inhomogeneides,  the  subsonic  waves 

considered  would  not  radiate  in  this  flat  plate  limit  and  are  someUmes  described  as  "trapped".  The  existence  of 
'  such  waves  for  plates  in  water  has  long  been  known  [  10-12].  The  radiadon  and  coupling  with  acoustic  fields 
introduced  by  curvature  is  analogous  with  the  bending  losses  of  fiber-optic  waveguides  [7]. 
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MIDFREQUENCY  ENHANCEMENT  OF  THE  BACKSCATTERING  OF  TONE  BURSTS 


The  contribution  of  a  subsonic  guided  wave  to  the  backscattering  by  thin  spherical  shells  is  especially 
significant  when  ka  is  in  the  general  vicinity  of  a/h  where  h  =  a  -  b  is  the  shell  thickness  and  k  =  co/c.  For  the 
purpose  of  illustrating  a  ray  model  for  such  contributions  [9],  consider  the  example  of  a  stainless  steel  304  shell 
with  aDx  =  40.  The  relevant  guided  wave  properties  are  computed  by  finding  the  complex  v  roots  of  Dv(ka)  =  0 
as  previously  described  [2,3,5]  where  Dn  is  the  denominator  of  the  nth  term  of  the  exact  partial  wave  series  for 
the  form  function.  (The  method  is  based  on  the  Watson  transform.)  The  resulting  properties  for  the  case  under 
consideration  are  shown  in  Fig.  3.  The  wave  labeled  with  long  and  short  dashes,  designated  by  /  =  ao-,  is 
subsonic  throughout  the  region  of  interest  but  displays  a  noticeable  rise  in  the  radiation  damping  parameter  p;  as 
c/  approaches  c.  This  rise  in  coupling  appears  to  be  associated  with  the  decrease  in  the  thickness  of  the 
evane^nt  region  near  coincidence  [9]  and  causes  an  enhanced  backscattering  as  may  be  seen  from  the  ray 
analysis  summarized  below.  Analysis  of  guided  wave  scattering  contributions  by  distinct  leaky  waves  [5,13]  to 
the  present  case  of  subsonic  waves  is  possible  by  appreciating  the  importance  of  the  caustic  radius  b/  to  the 
backscattering  amplitude  [9].  The  resulting  contribution  of  the  mth  circumnavigation  to  the  form  function  f  has 
the  magnitude 

If^^l  =  Srtp^  (c/c^)  cxp(-jtP^  -  27tmPp,  ( 1 ) 


where  for  m  =  0,  the  wave  has  traveled  only  around  the  backside  of  the  sphere  as  shown  in  Fig.  2.  The  solid 
curve  in  Fig.  4  gives  lfo;l  for  /  =  a^.  while  the  dashed  curve  omits  the  factor  c/c; :  Ifo/I  for  the  ao.  wave  shows  a 
strong  enhancement  that  peaks  near  ka  =  46.3  where  the  value  of  lfo;l  =  3.17.  It  may  be  shown  [9]  that  the  value 
of  Ifo/I  at  such  a  peak  depends  only  weakly  on  the  shell  thickness  and  material  parameters  since  the  ka 
dependance  is  dominate  by  that  of  P/.  The  peak  Ifo/l  occurs  close  to  where  P/  is  l/re. 

Equation  (1)  is  directly  applicable  to  the  calculation  of  the  enhanced  backscattering  by  tone  bursts  that  are 
sufficiently  short  that  the  echoes  associated  with  different  values  of  m  don’t  overlap.  The  incident  burst  must  be 
sufficiently  long  that  the  effects  of  dispersion  are  weak.  The  time  domain  echoes  for  such  tone  bursts  were 
calculated  by  a  Fourier  synthesis  that  used  the  exact  partial  wave  series  [9,141.  This  was  done  for  several  bursts 
of  different  ka.  Figure  5  shows  the  resulting  calculated  amplitude  for  a  20  cycle  burst  with  ka  =  46.  TTie 
dimensionless  time  urits  are  T  =  ct/a.  The  rroimalization  is  such  that  specular  reflection  by  a  fixed  rigid  sphere 
of  radius  a  has  a  unit  amplitude.  The  earliest  contribution  from  the  shell  in  Fig.  5  is  a  specular  reflection  of  close 
to  unit  amplitude.  This  is  followed  by  the  m  =  0  and  m  =  1  contributions  of  the  /  =  a©,  wave  where  the 
amplitude  of  the  m  =  0  echo  of  3.07  is  close  to  the  aforementioned  predicted  enhancement.  The  identity  of  these 
echoes  was  also  confirmed  by  comparison  of  their  arrival  times  with  ray  theory.  The  amplitude  of  the  m  =  0,  /  = 
ao-  echo  was  similarly  determined  for  several  other  values  of  ka  and  are  plotted  as  the  points  in  Fig.  4.  The 
comparison  with  Eq.  (2)  gives  strong  support  for  the  ray  model  of  the  enhancement.  It  is  noteworthy  that  the 
later  or  m  =  1  echo  in  Fig.  5  is  weaker  by  a  factor  close  to  the  expected  value  of  exp(-27tP;)  =  exp(-2)  =  0.135. 
Furthermore,  the  predicted  amplitudes  are  weak  for  the  distinct  ray  contributions  of  the  /  =  aq  and  so  guided 
waves  whose  properties  are  also  shown  in  Fig.  3.  Consequently  those  contributions  only  weakly  affect  the  time 
record  in  Fig.  5.  The  earliest  contribution  to  the  backscattering  by  the  aq.  wave  and  its  midfrequency 
enhancement  may  be  especially  useful  for  inverse  problems  [9]. 

LABORATORY  OBSERVATIONS  OF  THE  MIDFREQUECNY  ENHANCEMENT 

The  existence  and  general  magnitude  of  the  enhancement  described  above  was  confirmed  with 
experiments  in  a  large  redwood  tank  of  water  (15).  The  volume  of  water  available,  approximately  6500  gallons, 
was  such  that  reflections  from  the  sides,  top,  and  bottom  of  the  tank  did  not  occur  in  the  time  region  of  interest. 
The  target  was  a  stainless  steel  304  shell  with  a  radius  a  =  38.1  mm  and  a  radius-to-thickness  ratio  a/h=  43.8. 
The  predicted  enhancement  is  for  frequencies  near  310  kHz.  Figure  6  shows  a  representative  time  record  in  the 
region  of  greatest  enhancement  of  the  guided  wave  echo  which  is  the  second  of  the  echoes.  This  record,  which 
is  for  3 1 8  kHz  manife.sts  the  important  features  of  Fig.  5.  A  substantial  shift  of  the  carrier  frequency  was 
observed  to  cause  a  reduction  in  the  guided  wave  echo  magnitude  relative  to  that  of  the  specular  reflection  and 
the  observed  behavior  is  in  at  least  qualitative  agreement  with  the  shape  of  Ifo/I  predicted  in  Fig.  4.  While  the 
analysis  of  the  measurement  is  incomplete  at  the  time  of  this  writing,  the  present  results  are  supportive  of  the  ray 
model. 


MIDFREQUENCY  ENHANCEMENT  OF  THE  FORM  FUNCTION 

The  ray  model  was  also  used  to  synthesize  the  exact  form  function  f  for  steady-state  back.scauering  in  the 
region  of  the  midfrequency  enhancement  for  the  spherical  shell  considered  in  Fig.  3  with  a/h  =  40.  The  dashed 
curve  in  Fig.  7  shows  the  Ifl  from  the  exact  panial  wave  series  and  the  .solid  curve  .shows  Ifmyl  where 


ray  sp  a^ 


(2) 
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where  fsp  i$  the  specular  contribution  (here  neglecting  a  small  curvature  correction)  and  f/  for  /  =  sp  and  ao  ate 
leaky  wave  contributions  computed  as  discus^  previously  [3).  In  the  region  shown  lf;l  is  negligible  for  /  =  ao 
but  for  /  =  so  it  gives  rise  to  the  vary  narrow  resonance  spites.  The  enhancement  is  associated  with  the  /  =  ao- 
term  which  is  computed  by  summing  ray  terms  of  the  form  fm/  as  in  Eq.  (1)  but  including  phase  information. 
The  result  reduces  to 


^  ■G,exp[-jtP^+iilJ 

1  +  exp(-2nP^  +  i2itxc/c^) 


(3,4) 


where  T)/  =  xc/c/  -  t.Jt/2),  x  =  ka,  and  except  for  the  expression  for  arg(G;)  =  (|»/,  the  generalization  to  this  case  of 
a  subsonic  wave  follows  from  Ae  ray  geometry  in  Fig.  2  and  related  considerations  [9,13J.  The  approximation 
for  ^1  used  in  Fig.  7  was  obtained  by  assuming  that  ({)/  varies  linearly  with  c/  as  c/  approaches  c, 

•t*,  (Rc  <  c^  <  c)  « Ji[ (3/2)  -  (2F/3)]  .  F  =  [ (c/c)  -  r]  /  ( 1  •  R)  ,  (5,6) 


but  that  becomes  constant  for  c//c  below  a  particular  value  of  R  <  1  so  that  ^(ci  <  Rc)  =  3n/2.  Note  that  F 
varies  from  0  to  1  in  the  domain  of  Eq.  (5).  Resula  of  Ho  and  Felsen  [8]  were  used  as  a  guide  for  formulating 
the  limiting  values  of  (ft;  though  the  value  of  R  =  0.91  used  for  the  synthesis  in  Fig.  7  was  determined 
empirically.  Inspection  of  Fig.  3(b)  shows  that  for  ka  near  40,  P/  is  sufficiently  small  for  the  ao-  wave  that 
contributions  ftom  repeated  circumnavigations  are  important  giving  rise  to  a  distinct  resonance  structure.  With 
increasing  ka  there  is  an  enhancement  in  If/I  associated  primarily  with  the  m  =  0  contribution  plotted  in  Fig.  4. 

For  ka  i  SO,  P/  is  so  large  that  repeated  circumnavigations  are  no  longer  important  and  the  gradual  periodic 
variations  in  Ifl  shown  in  Fig.  7  are  due  to  the  interference  with  the  specular  reflection.  This  was  verified  with  a 
simple  ray  calculation  of  the  quasiperiod  Aka  »  2jt[2  +  (nc/c/)]‘*  =  1.2.  A  ray  synthesis  was  also  demonstrated 
for  backscattering  from  a  circular  cylindrical  stainless  steel  shell  also  with  a/h  =  40  and  the  agreement  with  the 
exact  result  was  slightly  improved  over  that  of  Fig.  7  (16].  The  magnitude  of  the  enhancement  relative  to  the 
strength  of  the  specular  contribution  is  weaker  for  cylinders  than  for  spheres  due  to  the  absence  of  axial  focusing 
in  the  cylinder  case  [9,13]. 

TIME-FREQUENCY  ANALYSIS  OF  BACKSCATTERING  BY  SPHERICAL  SHELLS 

Yen  et  al.  [17]  explored  the  use  of  a  modified  version  of  the  Wigner  distribution  function  (WDF)  for 
displaying  a  time-f^requency  analysis  of  transients  scaKcred  by  elastic  Th®  present  research  applies 

methods  of  smoothing  the  WDF  discussed  by  Nuttall  [18]  to  scattering  by  spherical  shells  [19J.  The  example 
considered  below  is  thrt  of  backscattering  by  the  same  shell  consider^  in  Figs.  3-5.  The  response  to  an 
impulse  is  computed  for  the  time  domain  in  Ref.  9  where  it  is  shown  that  in  addition  to  the  specular  reflection, 
there  is  a  large  wave  packet  associated  with  the  /  =ao.  wave  with  the  m  ^  0  ray  path  .shown  in  Fig.  2. 
Considering  the  impulse  response  in  the  time-frequency  domain  displays  the  spectral  evolution  of  this  and  other 
wave  packets.  Figure  8  shows  the  smoothed  WDF  for  the  impulse  response  based  on  the  exact  f  from  the 
partial-wave  series.  Tbe  axes  are  in  dimensionless  ka  and  T  tc/a  where  the  time  offset  used  is  the  same  as  that 
of  Fig.  4  so  that  the  earliest  contribution  is  the  specular  reflection  at  T  =  1  in  the  narrow  time  resolution  limit. 
Various  contributions  can  be  identified  by  comparing  the  time  of  the  contribution  with  predictions  from  ray 
theory  as  discussed  e.g.  in  Ref.  5  and  9.  The  dark  bar  centered  on  T  =  1  is  the  specular  reflection  and  the  dark 
patch  centered  near  T  =  5.5  and  ka  »  46  is  from  the  /  =  ap-,  m  =  0  wave  packet  associated  with  the  midfrequency 
enhancement  Leaky  wave  contributions  that  can  he  easily  identified  include  those  due  to  the  /  =  so  and  at 
generalizations  of  L^b  waves  to  the  present  case  ci  a  hollow  fluid-loaded  shell.  In  addition,  there  is  a  large 
prompt  contribution  to  the  backscattering  for  ka  in  the  region  from  approximately  455  to  485.  This  enhancement 
is  in  the  vicinity  of  the  threshold  for  the  s]  Lamb  wave  as  well  as  the  longitudinal  resonance  discussed  in  Ref.  3 
and  4  that,  for  the  present  shell,  is  at  ka  =  482.  Since  Fig.  8  shows  that  this  contribution  is  close  in  time  to  the 
specular  reflection,  a  surface  guided  wave  does  not  have  sufficient  time  to  travel  around  the  backside  of  the 
sphere.  A  novel  alternative  prop’ot  guided-wave  mechanism  is  from  rays  with  the  group  velocity  directed 
opposite  to  the  phase  velocity  [20]  and  Fig.  8  is  generally  supportive  of  such  a  mechanism. 

WEAKLY-  OR  NON-RADIATING  SUPERSONIC  LAMB  WAVES  ON  FLUID-LOADED  PLATES  AND 
SHELLS 

Consider  again  the  conventional  leaky  ray  picture  for  backscattering  by  spheres  and  cylinders  shown  in 
Fig.  1 .  The  associated  contributions  have  been  us^  to  synthesize  the  exact  f  for  thick  hollow  spherical  [  1 ,3] 
and  cylindrical  [21]  shells.  In  those  ray  calculations,  the  leaky  Iamb  wave  properties  c/(ka)  >  c  and  PKka)  are 
calculated  from  the  exact  elastic  equations  as  discussed  above  in  conjunction  with  Fig.  3.  One  curious  result  of 
ihose  calculations  is  that  for  certain  leaky  rays,  the  function  P/(ka)  can  exhibit  a  minimum  where  P/  can  be  as 
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small  as  lO’^  Np/rad  which  means  that  the  supersonic  guided  wave  only  weakly  leaks  energy.  In  the  region  of 
ka  where  P/  is  small,  the  resonances  associate  with  that  leaky  wave  are  narrow  [3,13],  For  the  examples  of  a 
thick  stainless  steel  shell  with  h/a  =  0.162  considered  in  Ref.  3  (Fig.  Al)  and  21  (Fig.  2(b)),  such  minima  occur 
at  ka  =>  18  and  73  for  the  /  =  so  and  ai  waves,  respectively.  Insight  into  the  cause  of  such  minima  can  be  found 
by  first  considering  the  particle  displacement  at  the  surface  of  a  flat  plate  in  a  vacuum.  Worlton  [22]  has  shown 
that  when  the  phase  velocity  c/p  of  the  /th  Lamb  mode  of  the  plate  is  equal  to  the  longitudinal  wave  speed  cj,  of 
the  bulk  material,  then  there  is  no  normal  displacement  at  the  plate's  surface.  For  a  supersonic  wave  to  radiate 
or  leak  sound  into  the  surrounding  inviscid  fluid,  it  is  essential  that  surface  displacements  occur  perpendicular  to 
the  plate.  Consequently,  it  is  to  be  expected  that  the  radiation  damping  vanish  exactly  when  c/p  =  cl  for  fluid 
loaded  plates.  Inspection  of  the  exact  dispersion  equations  given  in  Ref.  12  and  1 1  for  the  case  of  (inviscid) 
fluids  on  one  or  both  sides,  respectively,  shows  that  is  inde^  the  case;  when  c/p  =  cl,  there  is  no  radiation 
damping  of  the  /th  Lamb  wave  and  c/p  does  not  depend  on  the  density  of  the  fluid!  A  corresponding  analysis  of 
the  exact  displacements  at  the  (curved)  surface  of  a  shell  has  not  been  carried  out  however  it  is  to  be  anticipated 
on  physical  founds  that  locally  normM  surface  displacements  are  essential  either  for  radiation  by  a  given  mode 
or  for  excitation  of  that  mode  by  an  incident  sound  wave.  For  leaky  waves  with  ka  »  1  on  shells  with  h/a  « 

1,  the  effects  of  curvature  should  be  small  so  that  P/  should  be  small  when  c/  =  cl-  One  approximation  to  allow 
for  curvature  effects  is  to  compare  c/  with  the  projection  of  cl  from  an  imagined  middle  surface  of  the  shell  to 
the  outer  surface  in  contact  with  the  fluid.  (A  similar  projection  is  describe  in  Ref.  23  for  the  purpose  of 
relating  plate  and  thick  shell  phase  velocities.)  Comparisons  for  the  thick  shells  considered  in  Ref.  3  and  21 
indicate  that  this  projection  only  roughly  approximates  the  curvature  correction  for  estimating  exactly  where 
P/(ka)  is  minimized  for  thick  shells  but  that  the  general  condition  that  c/  is  close  to  cl  is  applicable  [24]. 
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Figure  1  —  Ray  diagram  for  sound  backscattered  due  to  Figure  2  -  Like  Fig.  1  but  for  a  guided  wave  whose 
a  leaky  Lamb  wave  of  type  /  excited  ntai  B  traveling  phase  velocity  along  the  outer  surface  of  the  shell  is 

repeatedly  around  a  spherical  or  cylindrical  .shell.  subsonic  with  respect  to  the  surroundings.  WF 

denotes  a  section  of  wavefront  that  appears  to  be 
radiated  from  an  external  caustic  of  radius  b/. 
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Figure  3  -  Nonnalized  phase  velocity  (a)  and  radiation  damping  (b)  of  suri'ace  guided  waves  on  a 
3M  stainless  steel  shell  in  water  with  h/o  =  0.025.  The  curves  arc  identified  as  follows:  long  and 
short  dashes  (/  =  a©-),  dashes  (/  =  so),  and  solid  (/  =  ao). 


Figure  4  ~  The  solid  curve  gives  die  ray  model  in  Eq.  (1)  for  the  ao.  guided  wave  echo  amplitude 
in  the  region  of  the  enhancement  near  ko  =  4$.  The  ^ints  are  from  the  exact  echo  amplitude 
determined  by  a  Fourier  synthesis  as  illustraRd  in  Fig.  5. 


Figure  5  --  Farfield  scattered  notmalized  pressure  P(T)  calculated  by  Fourier  synthesis  from  the 
exact  of  partal-wavc  scries  for  20  cycle  incident  burst  with  a  carrier  Ico  of  46  for  the  shell 
consider^  in  Fig.  3.  The  large  second  echo  is  enhanced  as  predicted  in  Fig.  4. 


Time  (milliseconds) 


Figure  6  -  Experimental  mnfirmadon  cf  the  midfrequency  enhancement  of  the  earliest  sulxsonic 
guided  wave  echo  for  a  thin  spherical  shell  (see  text).  The  echo  on  the  left  is  the  specular  renection. 
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Figure  7  ”  The  dashed  curve  gives  the  exact  Ifl  for  steady-state  hackscattering  by  the  hollow  spherical  shell 
considered  in  Figs.  3-S.  The  solid  curve  gives  ray  approximation  based  in  Eq.  (3)  that  manifests  the 
enhancement 
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Figure  8  -  Time-frequency  analysis  of  the  impulse  response  for  backscattering  by  the  2.5%  thick  shell  considered 
in  Figs.  3-5.  The  dynamic  range  is  such  that  the  darkest  regions  correspond  to  signals  that  are  orders-of- 
inagnitude  larger  than  the  light  regions.  The  earliest  and  strongest  of  a  sequence  of  ao-  wave  packets  is  labeled  as 
is  the  prompt  toge  thickness-resonance/s  i-wave-threshold  feature,  both  of  which  are  stronger  in  this  lot  than  the 
specular  reflection.  Features  associated  with  circumnavigations  of  dispersive  leaky  Lamb  waves  are  also  evident 
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ABSTRACT 

An  analltlcal  and  calculating  method  daacrlblng  the  dynamics  of  arbitrary  shells  In  the  fluid  Is 
developed.  This  method  permits  to  Investigate  radiated  and  scattered  field.  Rrst  of  all  real  solution  of  the 
dispersion  relation  for  a  thin  cylindrical  elastic  shell  are  obtained  in  application  to  the  sound-scattering 
problem.  Then  lie  system  of  shell  equations  Is  obtained  from  the  equations  of  elastic  equilibrium  of  thin 
shell.  The  density  of  simply  sources  Is  defined  from  the  system  of  boundary  Integral  equations.  For  the 
case  of  circular  contour  there  Is  a  calculatlve  example  of  scattering  amplitude.  Using  this  method  we 
calculated  the  scattering  amplitude  for  bIstatIc  case. 


INTRODUCTION 

I 

I 

The  low-frequency  resonance  radiation  and  scattering  of  sound  by  elastic  shells  has  emerged 
I  as  a  timely  problem  In  recent  years.  Various  methods  have  been  developed  for  the  solution  of  the  sound 

vibration,  radiation  and  scattering  problems.  Including  the  T-matrix  method,  the  Boundary  Element  Method. 

\  Method  of  Moments,  Matching  of  Asimptotical  Expansions,  etc.  We  note  that  the  practical  application  of 

any  method  Is  limited  either  by  Insufficient  speed  and  storage  capacity  of  present-day  computers  or  by 
j  the  difficulty  of  using  It  for  physical  analysis  of  the  structure  of  the  fields.  In  addition  to  these  methods  It 

i  is  useful  to  have  model  analytical  method  [1].  This  method  Is  based  on  the  Kirchhoff  integral .  In  this 

paper  the  analltlcal  and  calculating  modal  method  describing  the  dynamics  of  arbitrary  shells  Is  developed, 
j  Rrst  of  all  real  solutions  of  the  dispersion  relation  for  a  thin  cylindrical  elastic  shell  are  obtained  [2] 

{  ;  It  Is  shown  that  the  reaction  of  medium  has  a  significant  influence  only  on  flexural  waves.  The 

j  experimentally  observed  Increase  In  the  low-frequency  scattering  amplitude  in  the  region  of  angles  of 

J  Incidence  of  a  plane  sound  wave  on  the  shell  close  to  the  axis  of  the  cylinder  is  also  explained.  Radiation 

f  Impedance  of  limited  cylindrical  area  is  calculated  In  [3]  A  scattering  problem  of  sound  wave,  which  falls 

i  normaly  to  infinite  thin  cylindrical  shell  with  arbitrary  contour  of  cross-section  Is  considered  too.  The 

L 

i  sistem  of  shell  equations  may  be  obtained  from  the  equations  or  elastic  equilibrium  of  thin  shell  by 
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V.Z  Vlatov.  Tha  analitieal  axprataion  for  Qraan  function  of  ahall  la  found  with  halp  of  aimply  layer  potential. 
The  danslty  of  aimply  tourcea  la  defined  from  the  ayatam  of  boundary  Integral  aquatlona.  In  partial  caaea 
(  abaolutaly  rigid  and  abaolutely  aoft  boundary,  elaatic  ahall  with  circular  contour)  the  known  expreaalona 
are  followed 


INFLUENCE  OF  THE  REACTION  OF  THE  MEDIUM 


it  la  generally  known  that  the  ampIKuda  of  a  plane  aound  wave  acattared  by  a  cylindrical  elaatic 
ahall  Increaaea  abruptly  whan  the  condition 

Im  (Z;r+  ZD  »  0  (1) 

holda  [1],  where  ZjT  and  ZiT  are  the  Fourier  componenta  of  the  mechanical  Impedance  of  the  ahell 
and  the  radiation  Impedance  raapactlvely; 


I  ci^,h 


ta.  [JiA 


(“DlJ 


:  zr 


,  r, 


(2) 


Hera  cu-  I*  the  longitudinal  wave  velocity  In  a  plate  of  the  aame  material  aa  the  ahell; 
ci2'^/pM(i-**):  E.pm.v  -are  the  Young’a  modulua,  denally,  and  Polaaon  ratio  of  the  ahell 


material;  h  and  R  are  the  thickneaa  and  radlua  of  the  centroldal  aurface  of  ahell;  D  ^  and 
0  »  are  the  principal  determinant  and  correaponding  minor  of  the  ayatem  of  equationa  of  motion 
deacribing  the  free  vibratlona  of  'dry'  infinite  thin  cylindrical  ahell  [1];  **  (kf|-k‘)’''’  ; 
H  «  R )  and  H  ^  (  c  R )  are  the  Hankel  function  of  the  firat  kind  of  order  and  Ita  derivative  with 
reapect  to  the  argument,  Jm(Z)  ^  IYm(Z),and  the  branchea  of  the  Beaael  function 

JmCF)  and  the  Neumann  function  Ym(Z)  are  choaen  ao  that  and  YmcT)  are  real  functlona 

for  poaltlve  real  valuea  of  the  argument  z. 

The  objective  of  the  preaent  atudy  la  to  analyze  the  conditiona  under  which  Eq.  (1)  la  valid  and  the 
scattering  amplitude  thus  acquires  resonance  maxima.  Inasmuch  aa  we  investigating  the  scattering  of  a 
plane  sound  wave  d>=  Ao  exp(lk.x+  tkyy^  lk,Z),  which  la  determined  by  tha  wave  vector 
f(  >  ( k . ,  k  y ,  k  2 )  and  which  has  a  fixed  frequency  »  ,  we  are  Interested  only  In  the  real  solution  of  Eq. 
(1).  Moreover,  the  function  k(«> )  obtained  In  the  present  atudy  will  be  used  to  analyze  the  resonant 
vibratlona  of  a  bounded  aimply  supported  ahell  with  eigenfunction  Yp(Z)-sin[kp(z+‘-/i)]> 
kp=»p/i.  We  require  k  ( »  )  In  the  Interval  1 0 ,  » ] ,  because  resonant  vibratlona  of  the  Indicated 
type  <rp(Z)  are  excited  by  an  Incldemwave  with  any  k^^  kncoaeo  (9o  Is  tha  angle  between 
the  direction  of  sound  Incidence  and  the  longitudinal  axis  of  the  shell).  Here  a  discrete  series  of  values 
of  k  p  corresponds  to  points  situated  on  very  curves  k  ( •> )  calculated  below  over  the  entire  range  of 
variation  of  k.  We  consider  the  function  F(y,Dio,m)-Z?’+  ZT .  On  the  basis  of  Eq.  (2)  It  has 
the  form  : 


F(y,  Q  lo,  m)  -  I^MCio  f 


where  a  -  h  v  un*  : q  i< 


a 

[OJ}  ^  (12a ) 


Q  lo 
J71] 


lQ.*o-y*]’'*H.t’>  (lQ,'„-yT^J  ’ 

kioR«  <»n/  e|„  ;q)|»  kiiR“  "P/  ch  ;y  =  kR;  pii  /  I 


or-  dettri  ;Dn=  LT)  LH- L71  L?1  :  L?)- CQ  i’o-y*-«m*]:  lR- [o  i*o  -  ay* -m‘]: 
Lf}»  Lfi-  -bmy;  LTs-  LR  -  Ivy;  LSl-{1-Qio+  a(y*  +  m*)*-a(2m*-1)]; 

LJJ-  USi-  Im  :a«(i-»V  8  ;b  =  (’  +  »)/}  . 


1212 


I?!  S’"  ii-aMj*-— 


Separating  the  function  Eq.  (3)  Into  reat  and  imaginary  part*,  we  obtain  the  equation*  ; 
lmZv^’«  (123  )'''%mCi«(>/  Oio)F/')(y,Q  io,m)  ; 

1012"=  (123  ) ''%  mCiuC  V  0|o;  F.^'^cy,  Q  lo,  m)  ; 
imZ,"'  -  ( 12  3  ) MCio( '/  Uio)F,f'5(y,  Q  lo.  nil  : 
where  Fy('5(  y ,  q  lo ,  m )  =  oo"/ ojT  -  1 1 -Q  lo  +  3  ( y *  +  m -  3  ( 2  m  *  -  1 )  J  + 

I  (Q  i^-y^-am*)(Q  io-ay*-m*) -b’m’y*  j  ’ 


Fi''^y,Q  lo.m)  - 


Q  lo  HJm(1)«>m(t)  <  Yn<t)Ym(1) 


(123)'^M  IJm(t)]'+  [Ym(t)]’ 

Q  I  0  _1_  K  in  (  1  ') 

(123  )''M*  Km(t*)  ‘ 


:  y  s  o  II, 


y  >  Q  II . 


F.<''>(y.Q  lo.mj-  (123  )°''’  «t^  (Jn;(l)l'+  [Ym(t)]'  ’  (9) 

0  :  y  >  c  1 1 . 

Hera  Jm(t) ,  Ym(t)  and  Km(t’)  are  Battel  and  Neumann  function*  and  modified  Battel  function* 
of  the  third  kind  (Macdonald  function*) ;  t  -  (q  i1 -y*)’''*.  t*=  (y'-oib’^*’  The  following  Identity 
for  the  Wrontkian  of  the  Bettel  and  Neumann  function*  It  taken  into  account  In  the  derivation  of  Eq.  (9) : 
W(  Jm(ir),Ym(r))  =  Jm(r)Ym(r)  -Jm(Z)Y,„(r)  -  i/  . 

We  thu*  teek  the  real  tolutlon  y(  q  io)  of  the  equation  ; 

Fy^'\y,£3  lo.m)  t  F,^')(y,Q  I,,m)  -  0  .  (10) 

The  tolutlon  of  Eq.  (10)  hat  been  Invettlgated  prevloutly  for  ^  0 ,  I.e.,  when  the  reaction  of  the 
medium  turroundlng  the  then  I*  dltregarded  (  F.  ^'^(y ,  a  lo .  m)  >=  0  ]  [1].  In  the  pratent  report  we 
And  the  tolutlon*  of  Eq.  (10)  for  ^  x  0  [2].  We  firti  contider  the  cate  m  -  0 . 

The  atimptotic  behavior  of  the  function  F.(')(y ,  q  lo,  0)  defined  by  Eq.  (8)  In  the  neighborhood  of 
the  line  y  -  a  n  follow*  from  the  propertle*  of  the  function*  Ho^'^(Z),  Kii(Z}  and  their  derivative* 
occurring  In  the  function  ; 

F.(')(y,Q  !o,0)  o  p  y/T  !"[( I  D  I  )’'*]  ;  y  -  o  II  .  (ii) 

Subetltutlng  Eq*.  (11)  and  (7)  with  m  -  0  In  Eq.  (10),  we  obtain  ( In  he  limit  y  ->  a  n  ) : 

Fy^'^y.o  io,0)+  fi  •n[(|0  I’l -Y*  I  )’''*]  - 

-  (1  -  o  lit  3yS  3)^— ^  ln[(|a  I’i-y^l)’''^]  =  0.  ()2) 

Inverting  Eq.  (12)  and  Invoking  the  expantlon  (1  -x)'^‘»1  -  >/  y  (or  x<  <  1 ,  we  find  that  the 
tolutlon  y(  Q  to)  -  a  ti  It  a  two-valued  tolutlon  of  Eq.  (10)  for  the  cat*  /f  -  0,  m  >  0  In  the  limit 

-  0. 

yi±(Qio)-llm  Q  lit  T^-jr^pf- — Fy(‘^(Q  n ,  q  u  .  0)  ]  ,  (13) 

p**0  *wii  1  p  Q  io 

where  the  plu*  tign  corretpondt  to  on*  tolutlon,  and  the  mlnut  tign  corretpondt  to  the  other.  It  thoud 
be  noted  that  p  tend*  to  zero  from  the  left  or  right  In  the  cate,  depending  on  the  tign  of  tht  function 
Fy^'^C  Q  ti  .□  lo .  0) .  For  example,  p  tend*  to  zero  from  the  right  (/f-0  +  0)  for  value*  of  the 
frequency  o  u  tuch  that  Fy^'^fo  h.q  io,0)  ft  potlllve.  In  the  cate  of  negative  value*  of 
Fy(')(y,o  lo.O),  on  the  other  hand,  p  tend*  to  zero  from  the  left  (,p  -  0  -  0 ).  we  note  that  ^  >  0  In 


Fy'‘'(Q  M,Q  lo.O) 


the  real  physical  problem  ifi  •=  <*  <he  ratio  of  the  density  of  the  medium  surrounding  the  shell  to 

the  material  density  of  the  latter).  Consequently,  the  Indicated  two-valued  solution  yii(a  io)'>  Q  n  will 
exist  whereve  the  function  n.a  u.O)  >  0  In  the  limit  - 0  for  m=  0,  with  the  exception  of 

solutions  of  the  aquation  Fy^'^cy.o  io.0)=  0,  which  correspond  to  quaslflexural  and  quasllongltudlnal 
waves. 

We  now  consider  the  solutions  of  Eq.  (10)  for  ^  >  0.  The  two-valued  solution  y(Q  lo)  =  a  n 
branches  Into  two  solutions  yi.ii(Q  u)  in  accordance  with  the  asymptotic  relation  Eq.(1 3)  for  values  of 
the  frequency  q  m  such  that  the  function  Fy(')(Q  h.q  io.O)  >  0  (this  Is  the  segment  OA  In  Fig.  1), 
i.e.,  when  the  mechanical  Impedance  of  the  shell  exhiblls  elastic  behavior.  The  Iwo  valued  solution 
y(Q  lo)  -  Q  II  branches  into  two  complex-conjugate  solutions  for  values  of  the  frequency  q  io  <uch 
that  the  function  Fy^')(a  n,  a  u  ,  0)  <  0  (this  Is  the  segment  AB  In  Fig.  1),  I  e.,  when  the  mechanical 
Impedance  of  the  shell  is  a  mass  reactance.  Figure  1  shows  the  real  solutions  of  Eq.(IO)  calculated 
on  a  computer  in  the  case  m  -  0  and  m  >.  1  for  steal  shells  In  water  ( v  -  0.3;  E  -  2>10"  m’: 

y»M=  7.8.10^ m*:  f/ (1=0.1  and  •>/(,.  0.2;  ch  =  1500  /> n  =  1.10* The 

solution  I  and  II  have  the  line  an  as  an  asymptote  In  the  limit  a  u  -  0.  As  In  the  cate  /?  =  O.the 
solution  III  hat » low-frequency  asymptotic  behavior  corresponding  to  longitudinal  waves  in  an  unbounded 
rod  In  the  limit  a  lo  -  0 :  y  =  <  1  -  v  0  u •  As  the  frequency  a  lo  Is  Increased  from  2ero,  the 
solutions  II  and  III  move  away  from  the  origin,  diverge,  and  then  begin  to  converge  with  a  further  increase 
In  Q  I,  untill,  at  a  certain  value  of  a  i,, ,  they  form  a  branch  point  at  some  point  C  with  coordinates 
(yc,  a  c)  .when  yii(  c  c)  yiii(  Q  c)  »  yc.  In  the  neighborhood  of  the  branch  point  C  the  asimptotic 
behavior  of  the  solutions  ll  and  III  has  the  form; 

(Vii.m  -  Vc)  -  ±  Ac(Q  c-o  lo)  ;  Q  lo-  Q  C  (Id) 

Where  Ac  >  0  Is  a  constant.  As  mentioned,  the  solutions  II  and  III  become  complex  conjugates  wlh 
a  further  Increase  In  the  frequency  □io(Oio>Qc)- 

It  must  be  added  here  that,  a  qualitative  restructuring  of  the  solutions  of  Eq.  (1 0)  does  not  take  place 
lor  fi  *  0  In  the  cates  m  =  1,2,. ..This  result  is  attributable  to  the  fact,  which  follows  from  Eq.  (8),  that 


Flg.1  Real  roots  of  the  equations:  (- )  lm(Z{!' +  Z”)  =  0  and  ( •--)  lm(Z^}=  0. 


thefunctlon  Ft^'^fy.o  lo.nt),  mzl,  does  not  any  singularities  for  real  values  of  a  lo  and  y. 


Thut,  several  result*  can  be  drawn  from  the  foregoing  analysis  ;  The  reaction  of  the  medium  has  a 
significant  Influence  only  on  flexural  modes.  It  I*  evident  from  the  graphs  in  Fig  1  that  this  Influence  causes 
a  major  change  In  the  angular  and  frequency  ranges  where  the  condition  for  spatial  coincidence  holds 
for  these  waves  [1] : 

k  ■.  k<i  cos  e  or  y  -  Q  II  cos  e  .  (15) 

Here  n  is  the  angle  between  the  wave  vector  of  the  Incident  wave  and  the  positive  2  direction,  which 
coincide*  with  the  longitudinal  axis  of  the  shell.  For 
example,  the  spatial  coincidence  condition  Eq.(lS) 
does  not  hold  for  any  angles  of  plane-wave 
Incidence  for  sufficiently  thin  shell* 

( R  s  0.1)  In  the  case  m>  1  (see  Fig.  1). 

This  means  that  resonance  maxima  corresponding 
to  the  first  mode  will  be  absent  In  the  experimental 
directivity  patterns  for  the  backscattering  (echo 
return)  of  sound  by  thin  cylindrical  steel  shell*  in 
water.  Consequently,  the  positions  of  the 
resonance  maxima  (In  the  angular  scattering 
patlerns)  corresponding  to  flexural  modes  must 

be  determined  by  solving  Ihe  dispersion  relation 
Eq.(1),  I.*.,  with  allowance  for  the  reaction  of  the  medium.  The  analysis  show*  that  the  scattering-amplitude 
maxima  corresponding  to  shear  and  longitudinal  modes  (see  Flg.1)  are  determined  very  accurately  by  the 
positions  of  Ihe  dispersion  curves  for  the  'dry*  shell  (ij. 

The  emergence  of  a  new  branch  (see  Fig.  1,  branch  II  )  of  the  dispersion  equation  Eq.(1)  In  the  case 
m  ~  0  for  sufficiently  thin  shells  (<•/  a  s  0.1 )  In  the  low-frequency  range  (  q  i  o  <  1 )  will  cause  the 
scattering  amplitude  to  Increase  in  the  vicinity  of  angle*  of  sound  Incidence  close  to  the  cylinder  axis 
(0  ^  0" ) .  This  conclusion  I*  also  confirmed  by  experlme-.:*  on  the  backscattering  (echo  return)  of  sound 
by  cylindrical  steel  shells  In  water  [1].  Fig.  2  shows  experimental  directivity  patlerns  for  the  backscattering 
of  sound  by  cylindrical  steel  shell*  >■/  9.128;  '■/  »»  0.011;  u  lo-'O.^S.  It  I*  evident  from  the  patterns 

that  the  scattering  amplitude  increase*  In  the  vicinity  of  angle*  of  sound  incidence  close  to  the  cylinder 
axis  (0  -o") . 

TO  THE  THEORY  OF  SOUND  SCATTERING 

When  the  cross-sectional  contour  is  an  arbitrary  plane  curve  the  equation*  of  thin  cylindrical 
shell  are  very  complicated,  and  their  coefficients  are  alternative  If  the  plane  sound  wave  falls  normally 
on  the  Infinite  cylindrical  shell  Its  vibrations  depend  only  from  coordinate  ./>,  and  the  vector  of  elastic 
deformation  has  only  two  components;  tangential  U  i  and  normal  U  3 .  Then  due  to  [4]  the  motion 
equations  are  (In  asymptotical  approach:) 

r-q)^-“j-i  q’Ui -p’U)  -  grPo  <  P,) 

Here:  p'~  tf,;,  />m-  the  density  of  material  .  h-  shell  thickness  ;  »  -  circular 

frequency  ;  E<  Eotl-lv);'-  Young’s  modulus  and  Poisson  ratio;  s  -  damping  coefficient ; 
p;  and  P,.  amplitudes  of  Incident  and  scattering  sound  waves  (Inside  the  shell  here  Is  no  medium); 
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B (1-,*);  q(»)=  '/  R(^);  dx=  Rd*..  Wa  tuppote  that  th«  tims  dependence  of  all  quantltiss 
l*exp(-  lot)  .  Note,  that  the  only  quantity  which  depend*  on  x  I*  curvature  q  .  Lett  year*  the  problem 
of  *ound  *eattering  and  radiation  on  cylindrical  area  with  arbitrary  contour  of  cro**-sectlon  the  method 
of  *lmply  source*  (monopoles)  I*  used  [5],  which  densl^  u  may  be  found  by  means  of  integral  equations 
solved  on  computers. 

For  absolutely  soft  boundary  we  have. 

P=  Po  4  P,=  0,  (17) 

and  the  Integral  equation  Is  : 

)«1»  ■  C8) 

And  when  the  boundary  I*  absolutely  rigid  : 

V„  -  Vo+  V.  -  0  ,  Vo  - 

I  p  to 

and  the  Integral  equation  Is  ' 


ifitlll  V _ i_. 

^  n  j  *'  '*  1  /» « 

i  n 

(19) 


O 

i 


(«) 


jG^r.r  ) 
1  n 


ds 


(20) 


Where  G(r,r  j  -  < '/  iT  T  o/  -  Green  function  for  Helmgolta  equation  In  three 

dimension  case;  k’’  «  /  cn  -  wave  number  of  sound  medium  in  two  dimension  case  the  Green  function 


I*  G^  f  )  -  < '  /  4) .  k  1  f  r  I  I  where  H  \  k  |  f  -  r  ’|  i  -  I*  a  Hankel  function  of  Uie  first 

kind. 


In  this  report  the  method  of  boundary  Integral  equations  Is  derived  for  the  case  when  the  contour  S  Is 
thin  elastic  shell  described  by  equations  Eq.(16).  It  I*  necessary  to  find  Green  function 
UsbK(X,o  of  system  Eq.(16).  It  mean*  their  solution  when  in  right  part  we  change  (Po-^  Pi)  by 
Dirac’s  function  <s  (x-o  .  When  »  Is  arbitrary  the  problem  has  no  analltical  solution.  But  In  the 
asimptotical  (  WKB  )  case  function  K  ( x ,  i  j  can  be  obtained  by  next  method. 

We  seek  the  solution  in  form  : 


U,.,  (X)  »  exp[l<P(X)  ]  ,  (21) 

where  <P(x.,./'K(X)dx.K(x>  -  (?»)/  n,y  . 

The  conditions  of  applicability  are  ;  x/  ^  •  1  ,  1  • 

The  substitution  of  Eq.(21)  Into  Eq.(16)  gives  a  dispersion  equation  which  has  six  roots.  The  point  source 
<1  «  X  -  i  )  genet  ate*  waves  which  run  In  the  direction*  i  |  x  -  (  |  and  are  of  following  types:  flexible 

uniform  wave*  (  K,(X)«  [pV  (iw\i)]''^  ).  flexible  nonuniform  wave*  (Kj(X)=  I  Ki(X))  and 


lognglludinal  waves  (  Knxj  [p'  q\x;l'''’  ).  Note,  that  roots  K,.,  are  functions  of  ;;  only  if  the 
parameters  E,^,h  depend  on  x  In  considered  model  only  curvature  q  q(>‘.)  and.  hence, 
only  root  K  j  I*  a  function  of  x  . 

The  correction*  to  the  root*  Ki.?,3{x)  are  being  found  by  WKB  method; 


1  K  • 


3 

2'r 


«■; 


1  M  X  •)  /  ,  1 


(22) 


^  L  J 

By  integrating  the  equation  Eq.(16)  on  x  In  limit*  1 1  - «  .  £  +  «  )  ■  when  «  -  0  we  have  ; 

(23) 

Uu  -  Ui.  :  014  -  Ui . 


lUi4  Ut-]  -  q[U3+  -  Us  ]  -  0  . 

,,  ,  h'r«^U34  P^U3. 

■  q(Uu  -U,-]*  - 


P  X’’  ) 

In  addition,  the  condition*  of  continuity  are  fulflled  In  the  point  x  >■  £ 
the  rotation  angle  of  section  Is  zero  '  ♦“’♦/j,-!*.  0 


1 

5 


.  and 
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W»  «eek  K ( X ,  (  )  In  form  (when  x  >  {  end  when  x<  t) : 

K(x,f  )  -  Ujt-  Aitexpj^  ±  l/^’‘[Ki(x')  +  6  K,(x')  Jdx  j  4 

+  A  stexpj^i  (-1)/^’‘lKi(X  )+  6  K2(X  )]dx  j  4  Aj±exp  j^±  I  /  ^“[Kscx  h  6  K3(x')]dx'j  .  (24) 

The  wave  Ui±  l«  bound  with  every  wave  Ust  and  It*  amplitude  Is  B,±'  /?(±K,)A,i 
/=  1:2;3  ,  where  ;J(±K|)-  (±K,)(‘'/  (xf-p*)]  I*  defined  by  substitution  Eq(21)  Into  the  first 
equation  of  system  Eq.(l6}  .Six  quantities  A,±  we  fined  after  substituting  expression*  Eq.(24)  In  six 
condition*  Eq.(23)  and  so  on.  Then  we  have ; 


K(X,i) 


*  Ta — 2  ’  2  - iT77  •’‘P^  I  I  /  ’ K  j  (  O  d «  I  ]  (2S) 

2Bp^(p'-q’(X)r’l'<j(X)J  ^  IJ 

Where  D«  t2(i-v^)=  B(  xV.;2)  . 

Note,  the  multiplier*  (  ><1(0/  Kt(»)j^^’  and  ( '«3(«)/  k3(»))'''*  appear  from  Eq. (22).  and  when 
X  -  {  they  turn  to  one.  In  the  case  when  only  parameter  q  depends  on  x  In  Eq.  (25)  only  multiplier 
(  x3(4)/  k3(«)  ]’''’dlffer*  from  one  when  xj"  4  .  With  the  help  of  analltical  expression  for  Green 
function  Eq.(2S)  we  obtain  the  relation  on  the  contour  $  ; 

=  Vo(X)4  Vt(X)  -  ■(I.-)/^K(x.4;IPo(.;)<  P!  4)]d.;  (29) 

If  now  we  introduce  the  density  <7  (  x)  according  to  the  Integral  equation 

-I— Ps(X)-  f  <7(X)Q(X.«)dc  ,  (27) 

i  p  >v  *  S 

then  using  Eq.(19)  the  system  of  integral  equation*  Eq*.(26)  and  (27)  is  sufficient  to  solve  the  radiation 
or  scattering  problem  for  cylindrical  shellwith  arbitrary  cross-sectional  contour.  This  system  of  equations 
may  be  performed  to  one  Integral  equation  on  the  contour  S  : 

-  ( l«i  )  /  ^  K  ( X .  4  )  Po  4  )G(i,4  )d4  |  d4 

-  ’  (28) 

Note,  that  In  the  case  of  absolutely  soft  boundary  K(x ,  .4 )  •  '»  we  have  the  problem  Eq.(l8),  and  In 
the  case  of  absolutely  rigid  boundary  K  <  x ,  o  -  0  we  have  the  problem  Eq.(20) 

THE  PARTICULAR  CASE  OF  CIRCULAR  CONTOUR 


When  the  contour  S  is  a  circle  of  radius  R  It  Is  convenient  to  use  an  expansion  for 

¥  *n 

Po  ,  Vo  ,  Pi  ,  V,  .  P  j  ^  Pj^expclm,-)  and  *0  on.  Using  the  relations.  V  »n  , 

fn«  -VI/ 

2,4 -  |^m[/'>/ (3 «/«„))  (Here:  4>  and  (>^/  m)-  field  potenVal  and  Its  normal 
derivative;  Z,  -  radiailon  impedance)  we  have : 


and  from  Eq.(26) ; 


Vo*"  4  -  Po"/  zi”  -  Pi"’/  z,"' 

Vo"  <  V,"’  •  ('/  /y"’)lPo"  4  P,'"]  . 
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where 

/  JLy-  -(!»  )  f  JK(X,i). 

.  .«p  I  .("/  (0(x-  i  )]d?  ]. 

and  d(  -  R  d(> . 

Note,  that  expretelon*  ZlT 
and  Zjf  have  a  sense  of 
Impedance  of  Incident  wave 
and  mechanical  impedance  of 
elastic  vibration  of  shell 
correspondingly  [1].  For  Ihe 
m -component  of  Fourier 
transform  of  Pt  we  have 


from  Eqs.  (29)  and  (30)  ; 


Pfil 

« 


z."’  r 
Yr  1 


1 


zr 

z; 


■  zr 


(31) 


Zm  • 

I  j 

The  last  expression  Is  identical  to  the  formulae  Eq.(13)  from  [1].  Note,  that  for  circular  contour  It  is  not 
necessary  to  find  the  density  a  of  simply  sources 

In  particular  case  of  circular  contour  we  calculated  the  scattering  amplitude  for  bistatIc  case.  We  used 
the  analitical  method  described  in  the  papar  [1]  and  the  report  [3]  presented  to  the  FIRST  AUBURN 
INTERNATIONAL  CONGRESS  ON  RECENT  DEVELOPMENTS  IN  AIR  AND  STRUCTURE  BORN  SOUND  AND 
VIBRATION.  The  results  are  given  on  Figure  3. 


CONCLUSION 

This  method  can  be  used  to  relate  the  characteristic  features  of  the  radiated  and  scattered  fields 
to  the  geometrical  and  elastic  parameters  of  a  finite  cylindrical  shell.  Method  permits  to  Investigate 
radiated  and  scattered  fields  In  different  cases.  The  theoretical  and  experimental  results  are  In  a  good 
agreemenL 
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ABSTRACT 

The  paper  deals  with  propagation  of  vibration  and  noise  through  pi¬ 
ping  in  centrifugal  machines.  The  results nobtained  reveal  that  a  statio¬ 
nary  field  is  achieved  at  a  certain  distance  from  a  noise  source.  An  ex¬ 
cellent  correlation  between  theoretical  calculations  with  experimental 
data  has  been  obtained. 


The  given  study  presents  an  analysis  of  semiinfinite  cylindrical 
shell  filled  by  gas.  Because  of  Intensive  gas  flow  pulsation  at  the  edge 
of  the  waveform,  an  excitation  occurs.  This  calculation  model  is  bound 
with  the  simultaneous  solution  of  wave  equations  for  a  medium  filled 
elastic  cylindrical  shell  and  elasticity  theory  equations.  The  aim  of 
this  study  is  to  define  noise  level  characteristics  to  the  extent  of 
source  distance.  By  space  coordinate  x  noise  intensity  in  a  pipe  is  not 
a  statlonEury  statistical  process,  though,  according  to  our  experiments, 
it  may  be  achieved  at  a  certain  distance  from  a  noise  source.  Such  pro¬ 
cesses  are  called  ergodl cities.  Space  size  of  transitional  phenomenon 
are  bound  with  physical  qualities  of  waveforms  and  with  the  length  of 
frequency  spectrum  excited  at  the  noise  source. 

First  let  us  analyse  simultemeously  the  wave  equation  with  the  eq¬ 
uation  of  dynamic  theory  of  elasticity  for  thinwalled  shell,  "Eq.d)" 


A  ^ 

-I-  f.  I  s 


u  + 


Eh 


u 


1  S  Pp  \ 


(1) 
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and  corresponding  boundary  conditions 


by  -  fi  . 


Sound  pressure  conponent  is  conditioned  by  shell  oscillations;  - 
by  excitation  of  sound  waves  in  the  medium  from  supercharger,  ''Eq.CS)” 


by 

z  -O ^ 

(2) 

by 

z  »  O , 

Here  -  sound  velocity  in  medium, -Z)  , 

R  ,  f 

-  shell 

parame- 

ters  (cylindrical  rigidity,  Young’s  modulus,  wall  thickness,  radius  and 
density  correspondingly),  -  Fourier  components  of  noise  excited  in 
the  shell  of  radiator,  2’  ,  ^  -  pole  coordinates.  The  flow  has  a  cons¬ 
tant  component  which  is  not  essential  and  alternating  pulsations, 
which  for  a  definite  model  of  supercharger  may  be  approximated  by  exci  - 
tatlon  of  shell  vibration,  "Eq.O)" 


u. 


u. 


mgx. 


n-J 


7r 


/n 


m  ur. 


(3) 


Let  us  assume  that  by  such  excitation  O  . 

In  a  waveform  /!/  normal  waves  may  propagate  with  wave  number  k  , 
which  meet  the  so  called  dispersive  equation,  ”Eq.(4  )” 


Dk 


a/ 


z  -^o 


(}¥ 


■k^  -R 


k^R 


(4) 


For  shell  vibration  calculation  wave  number  k  •  defined  by  this 
equation  greatly  differs  from  wave  number  cuy/r^  in  a  medium.  Therefore, 
for  these  waves,  due  to  low  air  density^ ,the  righ'^  part  of  equation  is 
not  significant,  "Eq.(5)"  °  ^ 


k  » 


ph  Cif^  -  ( €h  /r^) 


(5) 


Thus,  for  low  frequencies  by  <  c/R  (where  c-  -  sound  velocity 
of  shell  material)  field  is  heterogeneous  and  dles-out  at  source  dis¬ 
tance,  "Eq,(6)" 

-/Sx 


where  ••Eq.(7)" 
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'.o’k  I 


and  for  a  high  frequancy  spectrum  part  by  }c//f  we  have,  "Bq.(8)" 


**  ~  **/nax  I  /  -  / 


what  shows  that  there  Is  a  homogeneous  wave  energy  flow  along  tha  shell 
axis. 

thus,  hetarogensous  speotrum  consists  of  two  partst  Sfi)  and  SC<») 
and  correspondingly t  ^Eq.C?)* 


e  ^  2-  “  ‘C. 

m-n 


V-;  =  , 


where 


-  noise  spectrum. 


yr'-fn 

n  -  harmonic  number,  where  heterogeneous  field  passes  to  homogeneous  one, 

c 

n  -  ^ —  ,  where  ur  -  main  pulsation  frequency  which  equals  to  the  pro¬ 
duct  of  angular  velocity  of  rotation  of  supercharger  to  blade  niuiber. 
Xhus,  we  have  the  following  final  expressions  for  heterogeneous  and  homo¬ 
geneous  parts  of  vibration  fieldt  ±  / 


/  m*n 


by  i?  •SfO 


facdan 


S-iO’ 

0,4ifff0' 


,  -  blade  number,  we  have  -  //•  fD^ , 

f  ,  Consequently, 

..A 


n.  2  bCf-P^)A  ,  A 

2  I 

, 
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Section  length  of  heterogeneous  field  equals  approxlaately  to  one  meter. 
Thus,  leaving  part  of  energy  constitutes  only  one  sixth  of  the  general 
reactive  oscillation  capacity. 

The  given  evaluations  show  that  excited  shell  vibrations  synthesize 
heterogeneous  noise  field  what  cannot  he  explained  by  the  obtained  expe¬ 
rimental  data  testifying  that  heterogeneous  section  length  is  five  times 
greater.  Thus,  to  describe  a  heterogeneous  noise  field,  it  is  necessary 
to  take  into  account  the  heterogeneous  medium  field  along  with  the  shell 
edge  effect,  l.e.,  one  cannot  neglect  pressure  . 

For  this  part  of  field  we  have  the  following  edge  problem,  "Eq.(lO)" 


ik 

9i‘ 


^%.r  ,  L  ,  lEidA 


IEL..0 

by 

A-/e  , 

=  Pi 

^pr 

^A  ?o’~WP~ 

by 

/•  -yP  . 

In  this  case  we  assume,  that  "Eq.dl)" 

■ 

/W  K 

- 

> 

y 

tkz  -  iur„-t 


(10) 


(11) 


As  the  part  of  field  bound  with  radiation  €md  described  above  is  not  si¬ 
gnificant  for  this  problem  and  may  be  omitted  at  this  stage,  we  have  the 
following  problem,  ’•Eq.(12)" 


(12) 
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By  using  first  solution  of  (11) t 
first  order,  i.e,,  (Am)  ' 


where  -  roots  of  Bessel  function  of 
O  ,  we  get,  "Eq.CW)" 


where  size  is  defined  as  generalized  Fourier  -  conponents  of 

sure  pulsation  at  the  outlet  of  supercharger,  "Eq.d^)" 


p^''.  t  O)  P^^  f/t^  -jr) 

jtm—  A  ^ 


k~7 


pres- 


(14) 


Here  k  •*  heterogeneous  wave  number.  Consequently,  for  shell  flexure 
(  we  have  heterogeneous  equation  which  is  solved  in  the  following 

way,  '•Eq.(15)" 


P/nk  (pk) 


(15) 


-'Im-JAV" 


Z 

- 


Eh  ) 

-wj 


Thus,  heterogeneous  part  of  field  according  to  (11)  and  (15)  is  express¬ 
ed  by  the  sum 


f»rCO 
k“  ots 


r^:)  =  2 


m*0 


where  is  defined  from  the  condition  K 

of  shift  intensity  is  given  in  the  form: 


cffE 


homogeneous  part 


/n  coo 


Significantly  lengthy  section  of  heterogeneous  oscillation  intensi¬ 
ty  may  be  explained  by  an  unpropagated  part  of  nearest  pole,  though,  for 
this  lengthy  transitional  period,  coincidence  (at  least  that  of  closen¬ 
ess)  of  wave  parameter 
nance)  is  necessary. 


>*1 

CM 

>*3 

>«4 

3.8317 

7,0156 

10,1735 

13,3237 

with  critical  meaning  /c  (transversal  reso- 
Cq  y  k 
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For  example,  in  the  case  of  "  7^06  P-O.^m ,  cj-  /u/Srec 

(methane  (gas)  under  pressure)  we  have 


yx  -  w 


«  5 


m . 


This  points  to  the  significance  of  the  length  of  heterogeneous  field 
sections. 

Actually,  in  a  plate  loaded  medium,  the  coefficient  ^  defining 
field  heterogeneity  is  defined  by  taking  into  accou''^  loading  from  the 
side  of  medium 


Thus,  the  siee  of  heterogeneous  field  in  a  shell  will  be 


By  analysing  the  above  given  conditions,  we  get  L  ^  5  m  . 


Here  *  ^66^9  m/sec  ;  c  ”9669  m /sec  ;  79ffO  PPM j 

p*/4;  P  -  0,9  m  ;  h  *  20’  /O  ^  m . 


The  experiment  was  carried  out  at  the  natural  gas  compressor  sta¬ 
tion  where  centrifugal  compressors  have  been  used.  Piping  gas  pressure 
Increased  by  compressor  was  sent  to  a  gas  main.  Technical  characteris¬ 
tics  of  the  compressor  ares  blade  wheel  shaft  (RPM)  n  *  9800  ;  wheel 
blade  number  ^  -  19  ,7  being  short  and  7  long  ones;  gas  sucking  and 
compressing  pipes  in  diameter  D  ••  820 mm  . 

At  intervals  of  1  m  from  the  compressor  along  50  m  piping  length 
oscillation  acceleration  in  dB  has  been  measured.  Oscillation  accele¬ 
ration  spectrum  at  the  first  point  is  given  in  Figure  1,  where  oscil¬ 
lation  maximum  at  frequency  is 


n-z 

60 


9800  •  fp 
60 


2286  Mz  . 
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63  125  250  500  1000  2000  4000  8000  f,Hz 


Figure  1.  Vibration  acceleration  Bpectrun  at  the 
first  point. 
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Figure  2.  Vibration  damping  to  the  extent  of  source 
distance  (In  meters) 
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and  Its  first  harmonic  la  4000  Hz.  Spectrum  composite  at  1000  Hz  shows 
the  frequency  of  long  blades.  Figure  2  shows  the  vibration  damping  at 
6  m  distance  from  the  compressor  at  the  frequency  of  1000  Hz,  2000  Hz 
and  4000  Hz.  As  It  Is  seen  from  the  curves, vibration  damping  occurs  at 
5  m  distance.  Further  vibration  level  is  of  approximately  the  same  le¬ 
vel  along  50  m  distance  from  the  compressor.  An  excellent  correlation 
between  theoretical  calculations  with  experimental  data  has  been  ob¬ 
tained. 

CONCLUSIONS 

The  physics  of  a  heterogeneous  state  in  a  noise  field  of  gas  fill¬ 
ed  piping  may  be  explained  by  the  presence  of  acoustical  heterogeneous 
normal  waves  and  the  dynamic  edge  effect  In  a  gas  piping.  Acoustical 
edge  effect,  owing  to  the  heterogeneous  normal  waves,  exhibits  a  very 
unstable  characteristics  due  to  transversal  resonance,  i.o.,  at  criti¬ 
cal  frequencies  of  the  waveform.  Edge  effect  In  media  filled  piping  oc¬ 
curs  at  a  wide  frequency  range  to  null  frequencies  in  a  static  condi¬ 
tioned  but  relatively  long  section  is  required  to  explai  the  experi¬ 
mental  data  at  the  critical  ring  frequency  of  a  piping , 
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components  {Uj^iU^)  .  and  another  to  the  symmetric  component  Uj  of  the  displacements. 
Finally  the  total  pressure  field  can  be  found  In  the  form 

p-p®+p*  [UjCe,)  ,0,(0,)]  +p*  [Uj(0,)]  (2) 


In  the  framework  of  the  Timoshenko-Mindlin  theory  of  plates  and  shells  three  types  of 
waves  can  be  observed:  Lamb  type  wave  (membrane  propagation  type),  .So  Lamb  type  wave 

(bending  propagation  type)  and  Lamb  type  wave  (shear  propagation  type). 

NUMERICAL  RESULTS  AND  DISCUSSION 

The  calculations  refer  to  the  scattering  of  a  plane  wave  of  unit  amplitude  by  an  aluminium 
shell  (  ff-70GPa,  v-0 . 335,  Pj“2 .7gr/cm*  )  with  the  relative  thickness  h-0.02R  .Theshell 
is  supported  by  the  axial  rib  (stringer)  with  thickness  equal  to  the  thickness  of  the  shell 
and  with  the  radial  dimension  I,-i?  The  angle  between  the  direction  of  the  incidence  and  the 

rib  is  e,-60*  . 

Stiffener-borned  sound  pressure 

Figure  1  gives  the  amplitude  of  the  backscattered  pressure  field  as  a  function  of 
frequency  kR  (form  function).  Deep  anti  resonances  on  the  form  function  of  the  unstiffened 
shell  belong  to  the  Sj  wave  in  the  shell.  The  group  velocity  of  this  wave  is  approximately 
equal  to  the  velocity  of  the  longitudinal  wave  in  the  plate.  The  wave  resonances  do  not 
appear  in  the  farfield  in  the  given  frequency  band  as  their  phase  velocity  is  subsonic.  The 
stiffener  generates  additional  sound  pressure  marked  by  multiple  resonances.  Considerable 
part  of  these  resonances  appear  with  the  interval  which  is  proper  to  the  wave.  To  help 
interprete  the  wave  generation  processes  the  contributions  of  the  antisymmetric  and  symmetric 
forms  of  vibrations  of  the  shell  are  considered  separately. 

In  Fig. 2  the  form  function  for  the  sound  pressure  field  contribution  p*  is  presented. 

a 

Resonances  in  this  form  function  appear  in  groups  concentrated  around  the  anti  resonances  of 
the  Sg  wave  in  the  shell.  However  this  function  is  rather  difficult  to  interpret. 

The  contribution  p*  of  the  symmetric  forms  of  vibrations  in  the  total  sound  pressure 

field  is  presented  in  Fig. 3.  This  form  function  has  very  regular  structures  which  tends  to 
indicate  the  domination  of  two  types  of  waves.  First  of  them  is  the  Ap  wave  forming  the 
series  of  the  peaks.  Two  valleys  at  the  frequencies  . , 24 . . . .  where  form  function 

changes  character,  mean  interference  of  an  another  wave.  Considering  velocity  of  this  wave 
approximately  equal  to  that  of  *he  longitudinal  wave  in  the  shell,  the  path  of  this  wave  in 
the  structure  could  be  estimated  Calculations  show  that  this  path  is  nearly  equals  to  2R  . 
It  means  that  this  is  a  longitudinal  (in  radial  direction)  resonance  in  the  nb.  To  verify 
this  statement  another  form  function  for  the  rib  witch  is  two  times  shorter  in  the  radial 
direction  (height  A,-0.5/J  )  is  presented.  It  can  be  seen  in  Fig. 4  that  first  valley  occurs 
at  the  frequency  kR-24,  ,  which  is  twice  as  high.  By  this  one  should  state  that  the 
longitudinal  resonance  in  the  rib  highly  attenuates  the  symmmetnc  resonance  of  the  shell. 
Directivity  pattern  shows  that  at  these  frequences  the  nb  does  not  radiate  in  any  other 
direction. 

Consequently  for  every  given  frequency  the  rib  could  be  designed  so  that  the  stiffener- 
borned  sound  (at  least  the  contribution  of  the  symmetric  forms  of  vibrations)  is  attenuated 
due  to  the  longitudinal  resonance  of  the  rib. 

In  addition  to  that  there  are  much  other  "zeroes"  in  the  form  functions  of  both 
contributions.  They  correspond  to  the  position  of  the  rib  at  the  node  of  the  symmetric  and 
at  the  loop  of  the  antisymmetric  form  of  vibrations.  The  frequencies  where  the  nb  does  not 
affect  the  shell  can  be  seen  in  Fig. 5  where  the  total  contribution  of  the  stiffener  in 
thepf-essure  field  is  presented.  These  zero  nb-contnbution  frequencies  could  also  be  useful 
to  the  design  of  the  nonradiatmg  rib  although  most  of  them  are  very  close  to  the  resonance 
frequencies. 

Reactions  of  the  rib 

As  the  ribs  are  assumed  to  be  attached  along  lines  they  could  be  considered  as  the  line 
forces  (reactions).  These  reactions  may  be  found  for  every  given  freqiency.  The  problem  of 
the  active  sound  radiation  contro’  can  be  formulated  as  the  compensation  of  these  reactions 
by  the  line  control  forces  applied  to  the  ribs.  Fuithermore  line  reactions  are  calculated  and 
plotted  versus  frequency. 
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force  to  the  nb  is  discussed. 


STATEMENT  OF  THE  PROBLEM 

Let  a  thin-walled  elastic  circular  cylindrical  shell  of  centroidal  radius  R  and 
thickness  h  be  immersed  in  an  ideal  fluid  medium  with  theHxdensity  p  and  sound 
velocity  c  .  "he  shell  material  is  isotropic  and  has  a  density  pj  Young’s  modulus  E  and 
Poisson’s  rat  o  v  .  A  shell  is  supposed  to  be  air-filled  and  supported  by  an  arbitrary  set 
of  S  longitudinal  internal  ribs  and  walls  which  are  not  in  contact  with  each  other.  The 
radial  dimension  of  the  rib  is  and  its  thickness  is  .  Subscript  s  denotes 

characteristics  of  the  ribs.  The  shell  is  insonified  by  a  plane  acoustic  wave  of  normal 
incidense.  Required  is  to  determine  the  reactions  of  the  stiffeners  and  also  outer  sound 
pressure  field  p  caused  by  an  incident  wave  in  order  to  reduce  the  stiffener-borne  sound. 

Given  2D  problem  is  formulated  in  polar  coordinates  (p,6)  attached  to  the  shell. 

Sound  pressure  p  in  the  fluid  must  satisfy  wave  equation,  radiation  condition  and  a 
boundary  condition  at  the  shell  surface 

(Pi+p)U— p/c^Uj 

where  Uj  is  the  shell  normal  disp^lacement  and  k  is  the  wave  number.  The  Timoshenko- 
Mindlin  theory  of  plates  and  shells"  considering  shear  deformation  and  rotational  inertia 
is  used  to  describe  the  motion  of  the  stiffened  shell.  If  the  thickness  of  the  stiffening 
members  and  the  thin-walled  shell  are  of  the  same  order  one  can  assume  them  to  be  joined 
along  lines. 

Equations  of  the  motion  of  the  structure  acquire  the  form 

s 


where  are  differential  operators'^  and  u,  are  tangential  and  normal  displacements 
respectively,  is  angular  in  the  radial  plane  displacanent,  5^^  is  kronecker’s  symbol , 
denotes  the  stiffeners  reaction  per  unit  displacement  of  the  shell.  These  equations  together 
with  the  conditions  of  the  continuity  of  the  displacements  at  the  junction  lines  form  a 
closed  system  of  differential  equations. 

SOLUTION  OF  THE  PROBLEM 

The  unknown  functions  of  displacements  and  pressure  are  expanded  in  series  of  the  normal 
modes  on  angular  coordinate  0  .Displacements  of  the  stiell  at  the  junction  lines  can  be 
written  in  the  form 

u^(0)8{e-0,)-^u_,(e,)  f;  exp{in](0-e,)],  j-1,2,3  (1) 


Due  to  the  linearity  the  problem  devides  into  two  parts:  p”  corresponding  to  the  well 
known  solution  for  the  unstiffened  cylindrical  shell  and  p*  describing  contribution  of  the 
stiffeners  or  stiffener-born  sound.  Hence  superscript  zero  denotes  the  contribution  of  the 
unstiffened  shell  and  astensk  -  contribution  due  to  stiffener.  Displacements  Uj{Qg)  from 
Eq.(i)  must  be  detrmined  from  the  condition  of  the  continuity  of  the  deformations  at  the 
junction  line 


(ui]n+uJ)„)exp(ime,),  j-l,2,3. 

If— »  ■'  '' 


These  conditions  form  a  set  of  347  linear  equations,  where  J  is  a  number  of 
junctions.  After  the  determination  of  the  displacements  u^(6,)  the  additional  forces 
(reactions  of  the  ribs)  are  also  determined.  To  solve  this  system  one  has  to 

sum  the  series  which  may  be  regularized  by  extraction  of  singularities.  In  special  case  when 
the  stiffeners  lie  ent.rely  along  one  diameter,  the  matrix  of  coefficients  of  governing 
system  of  equations  decomposes  into  two  subsystems,  one  corresponding  to  the  antisymmetric 
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components  (u^tU,)  i  and  another  to  the  symmetric  component  of  the  displacements. 

Finally  the  total  pressure  field  can  be  found  in  the  form 


p-p^+p*  t  Ui  (6  .  Uj  (0  ,)  ]  +p*  [  Uj  (0  ,)  ]  ( 2 ) 


In  the  framework  of  the  Timoshenko-Mindlin  theory  of  plates  and  shells  three  types  of 
waves  can  be  observed:  Lamb  type  wave  (membrane  propagation  type),  A,,  Lamb  type  wave 
(bending  propagation  type)  and  Lamb  type  wave  (shear  propagation  type). 

NUMERICAL  RESULTS  AND  DISCUSSION 

The  calculations  refer  to  the  scattering  of  a  plane  wave  of  unit  amplitude  by  an  aluminium 
shell  (  E-7  0GPa,v~0. 335,  Pj^-2. 7  g/cm^  )  with  the  relative  thickness  h-0.02/f  .The  shell 
is  supported  by  the  axial  rib  (stringer)  with  thickness  equal  to  the  thickness  of  the  shell 
and  with  the  radial  dimension  The  angle  between  the  direction  of  the  incidence  and  the 
rib  is  0,-60®  . 

Stiffener-borned  sound  pressure 

Figure  i  gives  the  amplitude  of  the  backscattered  pressure  field  as  a  function  of 
frequency  kE  (form  function).  Deep  anti  resonances  on  the  form  function  of  the  unstiffened 
shell  belong  to  the  Sg  wave  in  the  shell.  The  group  velocity  of  this  wave  is  approximately 
equal  to  the  velocity  of  the  longitudinal  wave  in  the  plate.  The  Ag  wave  resonances  do  not 
appear  in  the  farfield  in  the  given  frequency  band  as  their  phase  velocity  is  subsonic.  The 
stiffener  generates  additional  sound  pressure  marked  by  multiple  resonances.  Considerable 
part  of  these  resonances  appear  with  the  interval  which  is  proper  to  the  Ag  wave.  To  help 
interprete  the  wave  generation  processes  the  contributions  of  the  antisymmetric  and  symmetric 
forms  of  vibrations  of  the  shell  are  considered  separately. 

In  Fig. 2  the  form  function  for  the  sound  pressure  field  contribution  p*  is  presented. 

Resonances  in  this  form  function  appear  in  groups  concentrated  around  the  anti  resonances  of 
the  Sg  wave  in  the  shell.  However  this  function  is  rather  difficult  to  interpret. 

The  contribution  p*  of  the  symmetric  forms  of  vibrations  in  the  total  sound  pressure 

field  IS  presented  in  Fig. 3.  This  form  function  has  very  regular  structures  which  tends  to 
Indicate  the  domination  of  two  types  of  waves.  First  of  them  is  the  Ag  wave  forming  the 
series  of  the  peaks.  Two  valleys  at  the  frequencies  JcR-12 . , 24 . . . .  where  form  function 
changes  character,  mean  interference  of  an  another  wave.  Considering  velocity  of  this  wave 
approximately  equal  to  that  of  •’he  longitudinal  wave  in  the  shell,  the  path  of  this  wave  in 
the  structure  could  be  estimated  Calculations  show  that  this  path  is  nearly  equals  to  2R  . 
It  means  that  this  is  a  longitudinal  (in  radial  direction)  resonance  in  the  nb.  To  verify 
this  statement  another  form  function  for  the  rib  witch  is  two  times  shorter  in  the  radial 
direction  (height  A,-0.5i?  )  is  presented.  It  can  be  seen  in  Fig. 4  that  first  valley  occurs 
at  the  frequency  kR“2i,  ,  which  is  twice  as  high.  By  this  one  should  state  that  the 
longitudinal  resonance  in  the  rib  highly  attenuates  the  symmmetric  resonance  of  the  shell. 
Directivity  pattern  shows  that  at  these  frequences  the  nb  does  not  radiate  in  any  other 
direction. 

Consequently  for  every  given  frequency  the  rib  could  be  designed  so  that  the  stiffener- 
borned  sound  (at  least  the  contribution  of  the  symmetric  forms  of  vibrations)  is  attenuated 
due  to  the  longitudinal  resonance  of  the  rib. 

In  addition  to  that  there  are  much  other  “zeroes"  in  the  form  functions  of  both 
contributions.  They  correspond  to  the  position  of  the  nb  at  the  node  of  the  symmetno  and 
at  the  loop  of  the  antisymmetric  form  of  vibrations.  The  frequencies  where  the  nb  does  not 
affect  the  shell  can  be  seen  in  Fig. 5  where  the  total  contribution  of  the  stiffener  in 
thepi-essure  field  is  presented.  These  zero  nb-contnbution  frequencies  could  also  be  useful 
to  the  design  of  the  nonradiating  rib  although  most  of  them  are  very  close  to  the  resonance 
frequencies. 

Reactions  of  the  rib 

As  the  ribs  are  assumed  to  be  attached  along  lines  they  could  be  considered  as  the  line 
forces  (reactions).  These  reactions  may  be  found  for  every  given  freqiency.  The  problem  of 
the  active  sound  radiation  control  can  be  formulated  as  the  compensation  of  these  reactions 
by  the  line  control  forces  applied  to  the  ribs.  Futthermore  line  reactions  are  calculated  and 
plotted  versus  frequency. 
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Figure  5.  The  total  contribution  of  the  rib. 


In  Fig. 6  the  amplitude  of  the  tangential  reaction  as  a  function  of  frequency  is 

shown.  This  reaction  can  be  defined  as 

In  Fig. 7  the  amplitude  of  the  momentum  reaction  as  a  function  of  frequency  is  presented 
which  may  be  presented  as 

In  Fig. 8  the  amplitude  of  the  normal  (radial)  reaction  F„  as  a  function  of  frequency 
IS  shown.  This  reaction  can  be  defined  as 


It  can  be  seen  from  Figs. 6-8  that  the  form  functions  of  the  reactions  are  allmost 
identical  to  the  corresponding  pressure  form  functions.  In  principle  these  reactions  could 
be  compensated  by  the  control  force  applied  to  the  rib.  Although  magnitude,  direction,  phase 
and  the  coordinate  of  the  point  of  application  of  the  control  force  can  be  found  fo"  every 
given  frequency,  the  efficiency  of  such  a  method  seems  to  be  problematic,  at  least  at  the 
lower  resonance  frequencies. 

Reactions  F^  and  can  be  decomposed  and  by  that  an  Interesting  result  can  be 
achieved.  In  Figs. 9-10  twi  parts  of  the  reaction  due  to  transversal  and  rotational  motion 
respectively  are  presented.  In  the  both  figures  the  series  of  the  sharp  resona .  as  appear. 
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Figure  6.  Amplitude  of  the  transversal  reaction  of  the  nb. 


Figure  10.  Part  of  moment  reaction  due  to  rotational  motion. 


Their  position  in  the  form  function  indicates  that  they  correspond  to  the  wave 

resonances  in  the  rib.  Nevertheless  they  do  not  visibly  affect  the  total  pressure  form 
function  as  well  as  in  the  form  function  of  the  antisymmetric  forms  of  vibrations. 

To  determine  the  dimensions  of  the  reactions’  amplitudes  and  should  be 

multiplied  by  Eh/R^(l-v^)  and  by  Eh/Rd-v*)  respectively. 

CONCLUSIONS 

On  the  active  sound  radiation  control 

The  line  reactions  of  the  ribs  in  the  ribbed  shell  can  be  found  for  every  given 
frequency.  Although  magnitude,  direction,  phase  and  the  point  of  the  application  of  the  line 
control  force  compensating  reactions  can  be  calculated,  the  effectiveness  of  this  approach 
is  greatly  dependent  on  the  position  of  the  nearest  resonances.  At  the  higher  frequencies, 
where  the  contribution  of  the  symmetric  with  respect  to  the  rib  forms  of  vibrations  prevail 
and  attenuation  is  considerable,  this  approach  may  give  better  results.  In  any  case  the 
spectrum  of  the  external  load  can  not  be  broad. 


On  the  frequencies  whete  a  rib  does  not  radiate 

Shown  is  that  the  series  of  the  frequency  bands  exist  where  the  rib  does  not  radiate  In 
any  direcrion.  Theoretically,  when  the  rib  is  located  in  the  node  of  the  form  of  vibration 
the  symmetric  contribution  tends  to  zero  and  when  the  rib  is  in  the  loop  of  the  form  of 
vibration  the  antisymmetric  contribution  tends  to  zero.  The  total  contribution  of  the  rib  in 
the  pressure  field  in  that  situation  could  not  be  zero.  However  it  can  be  seen  in  Fig. 5  that 
narrow  frequency  bands  exist  where  the  total  contribution  is  very  small. 

In  addition  to  that  moru  large  frequency  bands  exist  where  the  rib  does  not  radiate. 
These  frequencies  could  be  estimated  by  the  expression 
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representing  the  reibharices  of  the  longitudinal  vibrations  of  the  rib  with  the  free  ends..  In 
that  case?  the  y.ibrltlrig  rib  will  hot  affect ‘the- vjbrating  shelil.  .By  choosing  appropriate 
height  ofithe<r1b  according  to  the  Eq^S,^  the  honrad’iating;  at  the^given  frequehcy  hibican  be 
designed, 
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I.  INTRODUCTION  - 


In  many  Industrial  problems,  the  acoustical  and  dynamical  behavior  of  various  structural  components  is  taken 
into  account  as  soon  as  possible  in  the  design  steps.  The  reasons  underlying  this  preoccupation  are  numerous  ; 
that  may  bo  comfort  problems  such  as  the  interior  noise  problem  in  a  car  or  a  plane  :  that  may  be  a  sound 
pollution  problems  such  as  the  engines  radiated  noise  ;  that  may  be  a  mechanical  stresses  problems  s-rh  the 
fluid-structure  interaction  on  satellite  equipments  located  in  the  launcher's  fairing. 

In  order  to  understand  the  relevant  physical  behaviors,  and  to  predict  the  overall  structural  behavior, 
numerical  methods  has  been  developed  in  the  last  years.  ASTRYD  is  one  of  those.  This  code  allows  to  compute 
radiation,  scattering  and  fluid-structure  coupling  problems  with  3-dimensional  structures  of  any  shape.  The 
method's  originality,  tinre  domain  computation  coupled  with  boundary  elements  methods  in  space  domain,  gives 
ASTRYD  a  large  computational  power.  For  fluid-structure  interaction  problems,  the  mechanical  behavior  is 
taken  into  account  by  using  modal  representation.  The  modal  characteristics  computation  can  be  performed  by 
any  dassical  FtM  software.  Thus,  the  acoustic  software  is  independent  of  the  mechanical  modelization. 

Primary  results  of  ASTRYD  are  obtained  as  time  functions  ;  secondary  results  are  obtained  as  frequency 
functions  by  using  classical  Fourier  Transform  algorithms.  Hypothesis  and  used  methods  are  described  in  the 
first  part  of  this  paper.  Some  validations  of  the  methods  are  presented  in  the  second  part.  In  the  third  and  last 
part,  methods  capabilities  are  illustrated  by  some  industrial  applications. 

II.HYPOTHE8IS  AND  METHODS  - 


*  11.1.  -  Acoustic  computations  - 

Assumed  are  the  classical  hypothesis  of  linear  acoustics.  The  fluid  domain  is  infinite  or  half-infinite.  The 
structures  are  bounded  by  closed  surfaces.  The  normal  motion  of  these  surfaces  may  be  imposed.  Acoustic 
excitations  are  generated  by  monopoles  located  at  any  point  of  the  fluid  domain,  in  the  time  domain,  the 
equations  of  acoustics  lead  to  the  KlrchhofTs  formula,  also  called  retarded  potentials  equation.  Under  these 
conditions,  this  equation,  applied  to  the  scattering  and  radiation  problem  in  the  external  fluid,  can  be  written 
as  follows  (ref  [1],  [2],  [3]) : 


122S. 


e  p(Mo,to)  = 

J  (p'grad  (l.'d)  -  (1/cd)  p'grad  d)  nu  do 
£ 

+  4n  SkVrk  +  po  i  wVd  do) 
k  E 

where  Mo 

>  Calculation  point  on  £ 

M 

>  Arbitrary  point  on  £ 

Or 

>  Location  of  the  k*^  acoustic  pressure  point  source  Sk 

d 

-  ImMoI  .  tk-IOkMol 

Om 

-  outward  normal  vector  to  £  in  M. 

e 

-  4n  if  Mo  £,  2n  if  Mo  e  £ 

(1) 


The  asterisc  means  that  the  OKresponding  variable  has  u>  be  evaluated  at  the  retarded  time  t  -  to-d/c  or  tk  - 
to  ■  rk/c,  and  the  point  denotes  time  derivative,  p  is  the  surface  pressure  field,  and  w  specifies  the  normal 
acceleration  on  £. 

The  space  discretization  of  the  structures  surface  consists  In  plane  triangular  meshes.  The  acoustic  pressure 
(and  acceleration)  are  assumed  constant  on  each  mesh  and  computed  at  its  gravity  center.  Thus,  equation  (1) 
becomes: 


cPi(to)*Z  (Aij.Pj(tij)  +  By  PjCty)  +CijW(tip)  +  411  Sk  /ru  (2) 

j=i  k 


where  Ai],  By  and  Cy  are  space  integration  terms  computed  by  a  semi-analytical  method. 

The  time  discretization  is  based  on  a  first  order  finite  differences  technique  with  a  constant  time  step  6t.  The 
acoustic  pressure  on  the  i**'  element  (or  at  the  i*'’  poim  in  the  fluid)  is  written,  at  '’me  to  »  ko  6t,  as  follows 

I^“=I  ^Dy.P%EyP^^Cy.W  .j  (3) 


The  results  are  obtained  by  solving  a  semi-impildto  scheme  : 


[A]  {P}to  =  [B]  {P)ko-n-l  +  {p^jko  ( 4 ) 

where  :  (P)''  is  the  acoustic  pressures  vector  at  the  k*)*  time  step 

(Pe)**  is  calculated  explicitely  as  indicated  by  equation  (3) 
n  Is  a  stability  paratreter  of  the  numerical  scheme. 
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11.2.  ■  Fluld-sifuctura  Intarflctlon  - 


General  hypothesis  are  those  mentionned  previously.  The  hypothesis  of  linear  mechanics  are  assumed  tor  the 
structure.  For  the  coupled  system,  the  mechanical  behavior  is  not  supposed  very  different  from  the  in  vacuo 
behavior.  Mainly,  H  means  that  the  modal  base,  computed  in  vacuo,  is  a  good  description  base  tor  the  immersed 
structure's  behavior.  Indeed,  this  assumption  is  very  well  adapted  for  solving  coupled  problems  involving 
light  structures  in  air. 

The  aooM<iticai  scheme  has  been  described  previously  ;  now,  an  iterative  structural  response  computation  is 
performed,  at  each  time  step,  in  order  to  obtain  the  mechanical  equilibrium  (ref  [5]).  Practically,  the 
mechanical  computation  is  based  on  a  classical  modal  superposition  method  ;  the  modal  characteristics  are 
obtained  by  FEM  computation.  In  most  cases,  the  convergence  of  the  iterative  scheme  is  reached  very  soon. 
Then,  the  computational  cost  is  quite  bound  to  the  computational  cost  of  the  acousticat  contraction.  However, 
the  modal  characteristics  have  to  be  computed  before  the  coupled  system  is  solved  with  ASTRYD. 


Important  r.  iiarlt- 

QuHe  generally,  acoustic  meshing  and  mechanical  meshing  have  no  reason  to  be  identical.  For  some  simplified 
structures  shapes,  it  is  possitle  to  supeqtose  the  meshings.  This  approach  is  no  more  suhabie  for  complex 
structures  shapes  because  of  possiile  numericai  problems  and  prohaauve  computational  costs. 

Thus,  a  specific  numericai  tool  has  been  developed  in  the  ASTRYD  software  package,  it  allows  to  convert  a 
initial  field  (accelerations,  modal  displacements,  etc...)  -given  at  the  modal  points  of  the  mechanical 
meshing-  in  a  final  field  computed  at  the  gravity  centers  of  the  acoustic  meshing  elements.  The  interpolation 
methods  and  topologic  algorithms  used  In  order  to  perform  this  task  will  not  be  detailed  in  this  paper. 

III.ASTRYD  SOFTWARE  VAUDATION  • 

111.1.  -  Analytical  validation  - 

ASTRYD  was  appKed  to  solve  many  different  problems  and  the  obtained  results  were  compared  to  either 
analytical  results  or  acoustic  measurements.  An  illustration  of  a  purely  acoustic  computation  Is  given  on 
figure  1.  The  directivity  of  a  pulsating  sphere  is  calculated  in  a  half-space  medium.  ASTRYD  results  are 
compared  to  analytical  results  and  to  other  numericai  results  (ref  [6]).  This  comparison  shows  the  good 
accuracy  of  the  method. 

111.2.  -  Ckmuwlagn  tmiwtn  numgrial  fwute  and  mta»iif«mftnts  • 

The  aim  of  this  case  was  to  evaluaie  the  shock  wave  effects  on  buildings.  The  probtem  is  quite  easy  to  solve 
wHh  one  buikftog  with  simple  geometry  (rectangular  or  cylindrical),  but  it  is  more  difficult  with  many 
buildings  with  a  narrow  space  between  them.  Particularly,  overpressures  can  be  generated  by  the 
reverberations  between  buildings. 
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In  order  to  examine  this  phenomena,  computations  are  run  on  a  two-bulldings  group  (figure  2)  and 
corresponding  measurements  are  performed  on  a  scale  model.  In  t>oth  cases,  the  pressure  time  evolution  is 
observed  between  the  buildings. 

The  results  are  shown  on  figure  3  ;  the  presented  pressure  levels  (as  time  functions  In  Pascal  units)  show 
good  agreement  between  ASTRYD  results  and  measurements. 

IV.  ASTRYD  APPLICATIONS  - 


IV.1 .-  Space  aoDlleatlon  :  fluid/structure  coupled  problem  • 


I 

I 


The  proposed  oxample  hereafter  concerns  the  vibroacoustic  behavior  of  an  aluminium  honeycomb  sandwich 
panel.  During  a  work  performed  for  the  account  of  the  CNES/TOULOUSE  (ref  [5]),  a  test  panel  typical  for 
spatial  applications  has  been  studied.  Different  configurations  have  been  analyzed  ;  two  types  of  boundary 
conditions  and  three  distinct  loading  cases  were  considered. 


One  of  these  cases  is  illustrated  by  the  table  hereafter : 


12  firtt  medtl  frtqucnelM  r«l«ltd  to  «  tandwich  taat  ptnal. 
Simply  aupportad  adgat  •  no  additional  aquipmant 


N VACUO 

IN  AIR 

MEASURES 

35.4 

31 

28.5 

65  9 

61 

59 

108.7 

104 

108 

116.4 

111 

112 

138.6 

133 

134 

186.1 

180 

180 

226.0 

215 

223 

254.7 

243 

249 

274.0 

261 

261 

302.2 

289 

286 

341.9 

326 

312 

367.7 

357 

351 

Those  results  highlight  the  frequenlial  shift  generated  by  the  fluid,  This  shift,  foreseen  by  acoustic  theory  and 
confirmed  by  measurements,  ranges  between  3%  and  14%.  This  phenomena  is  also  Illustrated  by  the  response 
spectrum  presented  on  figure  4.  ASTRYD  capabilities  are  also  illustrated  by  these  results.  The  average  value 
of  the  differences  between  compulations  and  measurements  -performed  in  an  anechoic  chamber-  is  2,5%.  The 
most  important  relative  difference  is  about  9%  for  the  first  mode  (only  3.5  Hz  in  absolute  value). 

IV.2.  -  Automotive  application  :  interiOL  riflisa.  ptobletn  - 

Though  the  time  domain  computation  was  firstly  used  to  solve  transient  problems  in  external  fluid,  the 
ASTRYD  code  Is  also  able  to  solve  interior  noise  problem.  In  fact,  the  considered  problem  couples  a  structure 
to  an  internal  and  an  externa!  acoustical  fluid.  The  internal  fluid  is  bounded  by  a  thin  structure,  which 
consists  in  the  assembly  of  one  flexible  panel  and  rigid  walls.  The  excitations  are  mechanical  or  acoustic  point 
sources  located  in  the  Internal  fluid  or  in  the  external  tfuid.  ASTRYD  allows  to  compute  the  coupled  system 
response  and  delivers  acoustic  pressures  In  both  fluids  (including  wall  pressures). 
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The  hereafter  described  application  regards  a  research  program  performed  for  the  automotive  industry.  The 
structure  is  not  a  real  car  but  a  rigid  box  (figure  5),  only  one  face  of  which  is  a  flexible  structure. 


The  meshing  of  the  structure,  illustrated  by  figure  5,  is  made  by  MOSAIC  software*.  This  graphic  code  is  also 
used  for  the  presentation  of  the  color  maps  results.  The  first  aim  of  these  computations  is  to  obtain  the  modal 
shapes  at  discrete  eigenfrequencies  and  not  to  have  very  accurate  results  about  the  acoustic  pressure  level. 

Thus,  a  simplified  method  Is  used  in  order  to  compute  the  fluid  structure  Interaction.  In  first  approximation, 
only  the  inertia  of  the  flexible  panel  is  considered,  its  stiffness  is  neglected.  The  other  panels  are  thick  steel 
panels  and  consequently  much  stiffer  and  heavier  ;  that  is  the  reason  why  they  are  assumed  as  rigid  walls. 

The  excitation  is  a  point  source  acoustic  excitation,  with  a  quasi-Dirac  time  profile,  which  ensures  a  large 
frequency  band  spectrum.  This  point  source  is  located  out  of  the  symmetry’s  plans  of  the  problem  in  order  to 
make  as  large  a  number  of  elgenmodes  as  possible  concurring  In  the  response. 

The  eigenfrequencies  are  obviously  shown  by  response  spectra  such  as  the  ones  presented  on  figure  6. 
Eigenfrequencies  and  eigenshapes  are  compared  to  measured  values  and  analytical  values  (as  obtained  by 
theoretical  calculations  applied  to  a  rectangular  with  rigid  walls  box).  The  box  sizes  are  the  same  that  the 
maximum  dimensions  of  the  real  structure. 

These  results  are  presented  In  the  table  hereafter ; 


MODE  » 

(Theory) 

COMPUTED 

EIGENFREQUENCY 

MEASURED 

EIGENFREQUENCY 

ANAIYTICAL 

EIGENFREQUENCY 

1,0,0 

69.1 

70 

65 

2.0.0 

121 

131 

130 

0.1.0 

137 

136 

130 

1,1,0 

154 

152 

145 

2.1.0 

179 

1B9 

183 

_ 3.0.2 _ 

202 

201 

195 

'  Each  number  means  the  mode’s  order  (number  of  pressure  acoustic  modes)  in  the  three  space 
directions  (tength,  width,  height) 

The  differences  between  numerical  and  analatycal  results  are  explained  both  by  the  geometrical  differences 
and  by  the  fluid  structure  interaction's  effects.  The  differences  between  numerical  computations  and  measured 
values  are  explained  by  the  simplifying  assumption  concerning  the  fluid-structure  interaction.  However,  the 
overall  good  agreement  for  these  different  results  proves  the  ASTRYD  capabilities  to  solve  this  kind  of 
problem. 

Two  internal  pressure  maps  are  shown  on  figures  7  and  8.  The  associated  frequencies  are  those  of  the  mode 
(1,0,0)  and  of  the  (0,1,0).  Obviously,,  if  the  acoustical  pressure  levels  were  required  with  a  very  good 
accuracy,  it  would  be  neccessary  to  use  the  iterative  coupling  scheme  mentionned  in  paragraph  IV.I.  With  this 
one,  it  is  possible  to  study  the  interior  noise  in  an  aircraft  cabin  or  in  a  real  car  as  well  as  the  noise  under  the 
launcher's  fairing  caused  by  the  rockets  external  sources  during  launching. 

*  Trademark  of  FRAMASOFT+C.S.I.  French  Corporation. 
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FIGURE  1  :  Pulialing  iphara  diractivlty  In  htll>ipae*  nwdium 


FIGURE  4  ;  M«*n  value*  of  normal  aurfae*  dltplaeamanl  on  a  aimply 
aupporiad  panel 
_  In  vacuo  In  air 
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V.  CONCLUSION  - 


ASTRYD's  original  approach  -time  domain  method-  allows  to  perform  computations  on  a  iarge  variety  of 
acoustic  problems. 

This  method  is  very  efficient  for  solving  transient  phenomena  in  externat  fluid.  It  is  able  to  solve  acoustic 
problems  characterized  by  a  large  adimenslonal  wavenumber  such  as  shock  waves  on  buildings,  engine 
radiation,  acousticat  loading  on  satellite  equipments . 

Presently,  the  Introduction  of  an  iterative  method,  which  couples  the  structural  behavior  to  the  acoustics, 
made  ASTRYD  able  to  study  the  whole  vibroacoustic  problem.  Adaptations  of  the  initial  algorithm  allow  to 
consider  interior  noise  problems  and  even  fully  coupled  problems  with  both  internal  and  external  fluids. 
Though  ASTRYD 's  efficiency  is  about  the  same  as  the  one  related  to  classical  frequency  domain  methods,  the 
time  domain  method  can  be  much  faster  for  this  kind  of  problems,  provided  there  is  a  consequent  damping 
(structural  damping,  wall  impedance,  radiation  In  the  external  fluid).  This  is  the  case  for  most  industrial 
structures  and  ASTRYD  reveaU  an  efficient  numerical  tool  for  these  problems.  It  can  be  easily  used  for 
evaluating  interior  noise  in  tne  plane  '$  cockpits,  in  the  car's  body  cases  or  under  the  launcher's  fairings. 
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ABSTRACT 

Vibrational  and  acoustic  responses  caused  by  application  of  a  point  or  a  line 
force  to  the  rib  of  a,  single-ribbed,  infinite  plate  with  negligible  fluid  loading  are 
investigated.  Results  show  that  the  rib  significantly  reduces  the  plate  displacement 
and  acoustic  responses.  The  results  show  that  the  structural  Intensity  in  the  ribbed 
plate  is  an  excellent  tool  for  force  localization  and  that  the  real,  in-plane 
acoustic  intensity  can  also  be  useful  for  that  purpose. 

INTRODUCTION 

The  vibrational  and  acoustic  responses  due  to  a  general  excitation  of  a 
submerged,  infinite  and  periodically  stiffened  plate  were  formulated  and  solved 
with  the  Fourier  transform  method  by  Evseev  [1].  Rumerman  [2]  started  from  plane 
wave  excitation  of  a  dry,  infinite,  periodically  stiffened  plate,  and  he  then 
extended  this  model  to  include  the  vibrational  response  to  general  excitations  by 
using  a  spectral  impedance  approach.  Mace  (3}  adopted  the  Fourier  transform  method 
to  formulate  the  vibrational  and  acoustic  responses  of  a  periodically  stiffened 
infinite  plate  subjected  to  different  types  of  excitation.  Including  plane  wave,  line 
force,  and  point  force  excitation  sources.  Numerical  Integration  was  performed  to 
calculate  these  responses  both  with  and  without  fluid  loading. 

Referring  to  Mace’s  work  [3],  a  similar  technique  is  performed  in  this  paper  to 
investigate  the  vibrational  snd  acoustic  responses  caused  by  application  of  a  line  or 
point  force  to  a  rib  that  is  attached  to  an  infinite  plate  submerged  in  air  (i.e. 
negligible  fluid  loading). 


Consider  an  infinite,  thin,  elastic  ribbed  plate.  Fig.  1,  lying  in  the  plane 
z  =  0  with  plate  thickness  h^,  density  p^,  and  rib  cross-sectional  dimensions  as 

shown  in  Fig.  1.  The  top  half-space  is  occupied  by  air  of  density  and  sound  speed 
c^.  A  vacuum  is  assumed  to  exist  below  the  plate.  The  ribbed  plate  system  is 
governed  by  the  1 lowing  equation 


D  (V^  -  kJ)W(x,y,t)  .  f(x,y,t)  -  -  «Cx)F^  ♦ 


d3(x) 

dx 


(1) 


where  D^  is  plate  flexural  rigidity,  D^ 


E  h^ 
P  P 


E^  is  plate  Young’s  modulus, 


V  is  plate  Poisson’s  ratio;  acoustic  loading  from  aij;  v(x,y, t)  is 

plate  transverse  displacement  response;  f(x,y,t)  is  excitation  force;  F^  and  M^ 
are  rib  reaction  force  and  moment;  3(x)  is  delta  function;  k^  is  plate  wavenumber 

W  2 

4 

where  kj  »  is  plate  density,  and  «  is  angular  frequency. 
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Assuming  time  harmonic  excitation  f(x,y,  t)  =  F(x,y)e^“’^,  the  Fourier  transform 
method  Is  used  to  find  the  plate  response  to  different  excitations.  With  no  acoustic 
loading  and  a  line  force  excitation  In  parallel  with  the  rib,  the  plate  response  Is 


Wj^(x,y) 


G(x.Py) 


+  sgn(x^) 


*  G(o,m.  )] 


H(x.My)-(e 


■^K\\ 


Similarly,  for  a  point  force  excitation,  the  plate  displacement  response  found  after 
applying  a  contour  Integral  on  Is 


(3) 


Where  A(Py)  «  [  ^  .  G(o,Py)]  [  ♦  IH'(o.Py)];  K^Cp^)  and  K^tp^)  are 

rib  translational  and  rotational  stiffness  parameters  respectively;  <  is  a 
normalized  length  scale;  (1  is  *he  dimensionless  excitation  frequency,  where  tJ*  = 
phuH* 

p  p 

- n -  •  **"*  ****  dimensionless  wavenumber  along  x-axis  and  y-axis 

D  *  y 


respectively; 


are  poles  of  the  contour  Integral; 


x,y  and  x^,y^  are  the  dimensionless  coordinates  for  response  and  excitation  points 
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respectively: 

H'(o.m  )  =  ^  (i\-AJ;  G(o,p  )  =  -i-  .  (-^  +  ^):  H(x.m  )  =  -sgn(x  )(^). 

y  40*  ‘  ®  y  40*  *1  ^2  y  ®  40* 


-l|x|A^  - 

(e  -  e 


*):  G(x.p  )  =  ^ 

y  40* 


-i|x|Aj 


):  and  F.  and  F_  are 
L  P 


line  and  point  forces  respectively. 

The  acoustic  pressure  response  is  related  to  dispiacenent  response  in  the 
wavenuaber  doaaln  as 


PaCPx-^y-^J  =  - 


viMx.Py)  ® 


*+Py*-Pj.*  and  =  k^£,  which  satisfies  Euler’s  equation  on  the 


surface  of  the  plate.  Therefore,  the  pressure  response  for  the  z  a  0  half  space  c-an 
be  foraulated  by  taking  the  inverse  Fourier  transfer*  of  (4)  as 

P^tx.y.z)  »  (ji)*  I*  V’  •  dp^  dPy  (5) 

.  For  line  force  excitation,  a  direct  integration  scheae  is  carried  out 
requiring  a  single  integration.  Point  force  excitation  presents  a  more  difficult 
task,  requiring  a  numerical  double  integration  scheme  using  Eqs.  (3)  and  (4).  In 
this  case  a  coordinate  transfornation  from  cartesia.)  to  polar  coordiniites  is  carried 
out  and  then  a  ba.'^ic  trapezoidal  integration  i<.i  performed  in  the  angular  variable  and 
a  Gaussian  integration  is  carried  out  in  the  radial  variable. 

Based  on  these  two  basic  types  of  response,  of  displacement  and  acoustic 
pressure,  further  response  'nformation  can  be  developed. _  Structural  intensity  is 
calculated  with  the  equation  derived  by  Noiseux  and  Pavic  [4J,  ,[5)  as 

=  <  °o[  §5  '-z  ■  (  ^  ^  1  —  1  >t 

«  pL3«  z  la«*  ap*  J  aaap  ap  J  ‘ 

where  spatial  coordinates  t;,  P  can  be  represented  as  either  x,y  or  y,  x;  ( 
indicates  a  time  average;  and  V  is  the  plate  velocity  response.  Three-dimensional 
acoustic  intensity  is  calculated  as 

'x  =  ('’a'l  ^  )*}  •  V  “  {V(  )’}  •  'z  "  ("a*(  j*} 

where  •  denotes  complex  conjugate. 

The  acoustic  pressure  pattern  due  to  a  line  force  excitation  is  calculated  by 
direct  numerical  integration,  while  the  farfield  pressure  pattern  due  to  a  point 
force  exci'eation  is  calculated  by  a  stationary  phase  method  [6].  Finally,  acoustic 
power  is  calculated  by  first  confirming  that  the  farfield  radial  intensity  obeys  the 
spherical  spreading  law  and  then  performing  double  integration  over  the  semi- 
spherical  Surface  [61 , [71  as 

2  H 

“  “  2p V  T"  I  *  slnSdOd^  <81 

In  [61,  the  authors  use  it  in  the  integration  limit,  wihile  here  |  is  used  for  the 

0  upper  bound  due  to  the  fact  that  we  are  interested  In  the  upper  half  space  only, 
which  is  the  same  case  as  presented  in  [71. 
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NUMERICAL  RESULTS  AND  DISCUSSIONS 

The  naterial  for  both  the  plate  and  rib  is  assumed  to  be  aluminum,  i.e.  Young's 
modulus  E  =  E.  =  7. 1  X  10*°  N/m*;  shear  modulus  G.  =  2. 4  x  10*°  N/m^;  Poisson’ s 

R  3 

ratio  u  =  0.33;  and  density  p  =  p.  =  2700kg/m  .  Additional  parameters  used  are 

P  ^3 

a  plate  thickness,  hp  =  3.175  x  10  m;  a  rib  cross-sectional  area  of  0.05  x  3.175  x 

10*°ro*:  a  rib  eccentricity,  e^  =  0.0265875  m;  the  der.sity  of  air,  p^  =  1.21kg/m°: 

and  the  speed  of  sound  in  air,  c  =  343  m/sec. 

o 

The  vibrational  responses  presented  Include  displacement  and  structural 
intensity.  Figure  2  shows  the  displacement  response  of  a  homogeneous  plate  due  to  a 
line  force,  which  qan  be  compaied  with  the  result  of  18)  in  vacuo.  Figure  3  shows 
displacement  response  of  a  ribbed  plate  due  to  the  sami  ?ine  force  applied  on  the 
rib.  These  two  figures  show  similar  behavior,  except  t.'-e  ribbed  plate  has  a  smaller 
displacement  response  amplitude.  Response  due  to  a  poiitt  force  on  the  rib  at  the 
same  frequency  and  with  a  5.2  N  magnitude  Is  shown  in  Fig.  4.  The  plate  response  is 
symmetrical  with  respect  to  the  rib  as  shown  in  the  contour  plot  of  Fig.  4.  The 
structural  intensity  response  due  to  a  line  force  on  the  rib  is  shown  in  Fig.  S.,  In 
this  case,  the  excitation  wavenumber  k  =  0;  thus,  the  plate's  response  becomes  one- 
dimenslonsl.  The  real  part,  or  active*'intensity,  shows  a  very  useful  feature  for 
identifying  the  force  location.  On  the  side  x>0,  the  value  of  the  active  intensity 
is  always  positive  which  means  the  intensity  vector  points  to  the  right  and  on  the 
side  x<0,  the  value  is  always  negative  which  means  the  intensity  vector  points  to  the 
left.  Thus  a  rapid  change  in  the  sign  of  the  active  structural  intensity  occurs  at 
the  force  location. 

The  acoustic  responses  include  pressure  patterns,  acoustic  power,  and  acoustic 
intensity.  Figure  6  shows  the  pres.  ,jrc  patterns  due  to  a  line  force  applied  on  a 
homogeneous  plate  and  a  ribbed  plate,  ft.  can  be  seen  in  Fig.  6  that  the  pressure 
patterns  change  gradually  from  a  hemi-circle  into  a  bell  shape.  Moreover,  at  e  =  ^  » 
90  ,  on  a  surface  along  the  rib,  the  pressure  amplitude  recovers  to  a  constant  as 
expected  for  a  constant  amplitude  line  force  excitation.  The  pressure  pattern  due  to 
a  point  force  on  the  rib  is  shown  in  Fig.  7.  Again,  as  f  is  increased  to  90°  (the 
plane  along  the  rib),  an  interesting  pressure  pattern  is  shown.  At  0  =  ^  =  90°  the 
pressure  amplitude  does  not  equal  to  a  constant;  instead,  it  changes  according  to 
spherical  spreading  as  expected  for  a  point  force  excitation.  Figure  8  compares  the 
radiated  acoustic  power  of  the  homogeneous  and  ribbed  plates  due  to  the  same 
sinusoidal  point  force.  The  power  radiated  from  the  ribl>ed  plate  is  reduced  to  about 
one-tenth  of  the  homogeneous  plate  at  the  plate  coincidence  frequency.  Above 
coincidence  frequency,  the  radiated  power  for  both  cases  is  larger  than  below  the 
coincidence  frequency.  In  Fig.  8b,  below  the  plate  coincidence  frequency,  the  rib 
coincidence  frequency  can  be  seen  at  about  260  HZ.  Also,  the  normal  acoustic 
intensity  at  the  surface  of  the  plate  is  shown  in  Fig.  9  for  a  line  force  applied  to 
both  a  homogeneous  and  a  ribbed  plate.  The  in-plane  acoustic  intensity  is  shown  in 
Fig.  10  for  a  ribbed  plate  only.  Neither  type  of  acoustic  intensity  data 
provides  inforration  that  is  as  immediately  useful  as  structural  intensity  informa¬ 
tion  for  force  location.  However,  the  in-plane  active  acoustic  intensity  looks  much 
more  promising  for  force  localization  than  normal  acoustic  intensity  when  a  line 
force  is  applied  on  the  rib. 

CONCLUSIONS 

Expressions  were  derived  for  the  vibrational  and  acoustic  responses  of  an 
infinite,  single-ribbed  plate  with  negligible  fluid  loading.  Results  were  presented 
for  point  and  line  force  excitation  applied  to  the  rib  and  were  compared  with  similar 
excitation  of  an  infinite  homogeneous  plate. 
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The  rib  significantly  changed  the  plate  responses,  causing  a  lowering  In  the 
magnitude  of  displacement  and  resultant  acoustic  pressure  in  comparison  with 
homogeneous  plate  response  magnitudes.  Acoustic  power  radiated  from  a  ribbed  plate 
at  the  plate  coincidence  frequency  is  aoout  ten  times  smaller  than  that  radiated  from 
a  homogeneous  plate  with  a  similar  point  force  excitation.  Also,  ribbed  plate 
pressure  directivity  patterns  are  greatly  changed  from  the  patterns  produced  by  a 
homogeneous  plate,  especially  in  a  plane  along  the  rib  (at  ^  =  90  ). 

Structural  intensity  in  the  plate  was  compared  with  acoustic  intensity  on  the 
surface  of  the  plate.  It  was  demonstrated  that  the  structural  intensity  is  an 
excellent  tool  for  force  localization  and  that  the  real,  in-plane  acoustic  intensity 
can  also  be  useful  for  that  purpose.  However,  the  normal  acoustic  intensity  that  is 
commonly  used  in  practical  noise  control  applications  provides  very  poor  information 
for  the  force  localization  in  all  cases  considered  in  this  paper. 
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Farfield  pressure  directivity  patterns  for  various  planes  (a)  e-O*!  (b)  s»45*;  (c) 
««90’  when  5.2  N,  292  HZ  point  force  is  applied  on  the  rib.  Ribbed  plate  loss 
factor"  0.02,  and  fluid  unloaded. 
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Fig  8.  Acoustic  power  radiated  of  homogeneous  and 
ribbed  plates  when  6.2  N,  sinusoidal  point  force 
is  applied  on  the  rib.  Ribbed  plate  loss 
fiaetor"0.02,  and  fluid  unload^. 
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Fig  9.  Normal  acoustic  intensity  at  the  surface  of  the  plate  with  a  1.0  N/m,  292  HZ,  and  wave- 
number  ky«0  1/m  line  force  excitation  (a)  homogeneous  plate,  (b)  ribbed  plate.  Plate 
loss  factors  0.02,  and  fluid  unloaded. 
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Kg  10.  In-plane  acoustic  intensity  at  the  surface  of  the  plate  with  a  1.0  N,'m, 
292  HZ,  aud  wavenumber  k^oO  l/ia  line  force  exictetion.  Plate  loss 
factore0.02,  cud  fluid  unloaded. 
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ABSTRACT 

An  analytical  model  of  a  finite,  stiffened  cylindrical  shell  with  two  end  plates 
submerged  in  fluid  was  developed.  Results  obtained  for  the  drive  point  and  transfer  point 
mobility  as  well  as  the  pressure  at  various  points  in  the  fluid  are  compared  with 
experimental  results.  Excellent  agreement  between  the  analytical  and  the  experimental 
results  are  reported. 

INTRODUCTION 

The  analysis  presented  here  uses  classical  techniques  to  find  the  vibration  and 
acoustic  radiation  from  a  finite,  stiffened  cylindrical  shell  with  two  end  plates.  The 
analysis  considers  Sanders-Koiter  shell  equation  for  the  cylindrical  part  of  the 
structure,  classical  bending  and  plane  stress  equations  for  the  end  plates  and  for  the 
rectangular  stiffeners.  The  shell  is  excited  by  harmonic  forces.  The  force  acting  on  the 
shell  may  be  a  distributed  force  or  a  point  force  acting  in  three  directions  or  a  moment 
in  the  axial  direction. 

The  displacements  on  the  shell  are  expanded  by  Fourier  series  in  the  circumferential 
direction.  Since  the  structure  is  axisymmetric  and  the  fluid  infinite,  the  solution  can 
be  found  for  each  circumferential  mode  separately.  The  shell  is  segmented  at  each 
stiffener  location  and  at  the  location  where  a  point  force  is  acting  on  the  shell.  The 
end  plates  are  also  segmented  if  a  point  force  is  acting  on  one  of  the  plates.  The 
homogeneous  and  the  particular  solutions  are  found  for  each  segment  of  the  shell  or  the 
end  plates.  The  value  of  the  constants  associated  with  the  homogeneous  solution  are  found 
by  enforcing  the  boundary  condition  between  the  various  structural  elements.  The  boundary 
conditions  between  the  various  structural  elements  are  a  continuity  of 
displacements/rotation  and  balance  of  forces  at  each  interface.  The  boundary  condition  at 
an  interface  where  the  point  force  or  line  force  is  acting  is  the  continuity  of 
displacements  and  rotation  and  discontinuity  of  the  appropriate  stress  resultant  or 
moment.  Since  the  analysis  is  conducted  for  each  circumferential  mode  separately,  the 
discontinuity  of  the  stress  resultant  is  equal  to  the  Fourier  component  in  the 
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circumferential  direction  of  the  forcing  function.  The  fluid  loading  is  approximated  by 
neglecting  the  interaction  between  the  velocity  and  pressure  on  the  cylindrical  part  and 
the  end  parts  of  the  cylindrical  cavity.  This  is  accomplished  by  considering  a 
cylindrical  cavity  with  rigid  extension  for  the  cylindrical  part  of  the  surface  and  half 
space  with  rigid  extension  for  the  end  plates.  For  the  purpose  of  solving  the 

fluid/structure  interaction  problem,  the  normal  to  the  surface  vibration  and  the  pressure 
on  the  shell  are  expanded  by  surface  functions  on  the  cylindrical  shell  and  end  plates. 
The  general  shell  response  is  found  in  terms  of  the  coefficients  of  the  surface 

displacements  and  pressure  on  the  shell.  Similar  expressions  are  found  for  the  fluid 

cavity.  The  f luid/struoture  interaction  is  found  in  terms  of  the  coefficients  of 

expansion.  Once  the  coefficients  of  expansion  are  found,  the  displacement/velocity  on  the 
shell  or  the  pressure  anywhere  in  the  fluid  can  be  found.  The  analysis  in  this  paper  is 
an  extension  of  previous  papers  by  the  authors.  Ref.  1  describes  the  method  used  for  the 
fluid/structure  interaction.  Ref.  2  describes  the  analysis  for  the  in  vacuum  vibration  of 
a  cylindrical  shell  with  end  plates  excited  by  a  point  force  and  Ref.  3  describes  the 
analysis  of  fluid  loading  of  a  cylindrical  cavity.  The  experimental  field  test  is 
described  fully  in  Ref.  4. 

ANALYSIS 

To  be  presented 

EXPERIMENT 

To  be  presented 

NUMERICAL  RESULTS 

To  be  presented 


REFERENCES 

1.  A.  Harari  and  B.E.  Sandman  "Radiation  and  Vibrational  Properties  of  Submerged 
Stiffened  Cylindrical  Shells,"  J.  Acoust.  Soc.  Am.  88  1817-1830  (1990). 

2.  A.  Harari,  "Dynamic  Characteristics  of  a  Non-Uniform  Torpedo-Like  Structure,"  The 
Shock  and  Vibration  Bulletin,  Bulletin  52,  Part  5,  pp  113-133  (1982) . 

3.  B.E.  Sandman,  "Numerical  Fluid  Loading  Coefficients  for  Modal  velocities  of 
Cylindrical  Shells,"  Comput.  Structures  6,  pp  467-473  (1976). 

4.  J.A.  Zaldonis,  "Structural  Vibration  and  Sound  Radiation  Measurements  on  a  Ribbed 
Cylindrical  Shell,”  Stc  Memo  90-le7-nocon-ml,  Mestinghouse  STC,  Pittsburgh,  PA  15235, 
(1990) . 


12S4 


SECOND  INTERNATIONAL  CONGRESS  ON 
RECENT  DEVELOPMENTS  IN  AIR-  AND 
STRUCTURE-BORNE  SOUND  AKD  VIBRATION 

MARCH  4-6.  1992  AUBURN  UNIVERSITY  USA 


SPREADING  LOSSES  IN  OUTDOOR  SOUND  PROPAGATION 


by 


Louis  C.-  Sutherland 
Consultant  in  Acoustics 
27803  Longhill  Dr. 

Rancho  Palos  Verdes,  CA  90274 


Introduction 


Spreading  losses  are  the  fundamental  starting  point  in  sound 
propagation  definition  and  this  brief  survey  attempts  only  to 
collect,  within  one  short  paper,  a  minimum  number  of  simple 
expressions  to  define  spreading  losses  from  various  types  of  arrays 
of  incoherent  sources.  These  are  commonly  utilized  to  model  community 
noise  levels  from  large  sources  such  as  freeways  or  industrial 
plants.  A  few  simplifications  of  some  of  the  previous  evaluations 
of  this  general  problem  are  offered. 

1,  Linear  Array  of  Point  Sources. 

Figure  1  shows  the  spreading  loss  along  a  line  normal  to  the 
middle  of  an  infinite  and  finite  arrays  of  incoherent  uniform  point 
sources  spaced  at  an  equal  distance  b.  Here,  the  spreading  loss,  A« 

IS  expressed  as  the  difference  between  the  sound  level  Lv  at  a 
distance  b  along  this  line  equal  to  the  spacing  between  sources,  and 
the  sound  level,  L»  at  any  other  distance  a  along  this  line.  For  an 
infinite  array,  this  loss  exhibits  spherical  spreading  behavior  (  6 
dB/DD)  for  values  of  a/b  less  than  l/x  and  cylindrical  spreading 
loss  behavior  (  3dB/DD)  for  larger  values  of  a/b.  For  a  finite 
number  N  of  point  sources,  the  spreading  loss  is  essentially  the 
same  as  for  an  infinite  array  for  small  values  of  a/b,  regardless  of 
the  number  of  sources.  However,  at  a  normalized  distance  a/b 
greater  than  approximately  (N-l)/2,  the  spreading  loss  for  the 
finite  array  begins  to  change  from  cylindrical  spreading  back  to 
spherical  spreading  as  the  finite  size  array  begins  to  appear  as  a 
point  source. 


The  values  of  A> 
expressions . 

Infinite  array* 

Finite  array 
of  N(odd) 
sources* 


for  these  two  cases  are  given  by  the  following 


A>  =  10  Ig  1  (a/b)ooth(ii)/coth(xa/b)  1 


A« 


10  Ig 


(a/b) 


tan-‘UN-l)/21 

tan-‘t(N-l)/(2a/b)l 


( la) 

(lb) 


1255 


The  expression  for  the  finite  array  is  an  approximation  valid 
only  for  N  >  3  and  a/b  >  1/x  for  which  the  error  is  less  than  1 
dB.‘.  However,  the  values  of  A*  plotted  in  Figure  1  for  the  three 
different  cases  for  N=  5,  25  and  125  point  sources  are  exact  and 
were  computed  by  summing  the  mean  square  sound  pressures  from  each 
of  the  N  sources  for  each  value  of  a/b  considered.- 

2.  Finite  Continuous  Line  Source. 

As  the  separation  distance  between  the  sources  approaches  zero,  a 
linear  array  of  point  sources  becomes  a  continuous  line  source. 
Consider  the  more  general  case  of  a  finite  line  source  of  length  L 
illustrated  in  the  following  sketch.  For  propagation  along  a  line 
normal  to  the  linear  source  axis  but  starting  at  a  point  displaced 
by  a  distance  X  from  one  end  of  the  linear  array,  the  spreading  loss 
A»  at  any  distance  a,  relative  to  the  level  at  a  distance  L  along 
this  1 ine ,  is  given  by‘ : 

I —  *  — I -  - 1 


A.  =  10  Ig 


tan-‘(X/L)  -  tan-‘(X/L  +  1) 

(a/L)  - 

tan'*(X/a)  -  tan'‘(X/a  +  L/a) 


3.  Circular  Planar  Array  of  Incoherent  Sources 


(2) 


A  uniform  plane  array  of  incoherent  sources  is  often  used  to 
model  an  extended  source  such  as  a  large  industrial  plant.  For  a 
circular  (disc)  array  with  a  radius  R,  define  the  spreading  loss,  A« 
as  the  difference  between  a  reference  sound  pressure  level,  for  all 
of  the  sources  operating,  at  a  reference  distance  R  equal  to  the 
array  radius,  and  the  level  at  any  other  distance,  a  from  the  disc 
array.  Two  different  propagation  paths  are  considered  -  1)  along 
the  central  axis  normal  to  the  disc  plane  and  at  a  distance  a  from 
its  center  and  2)  in  the  plane  of  the  disc  array  at  a  distance  a 
from  the  edge. 


For  the  first  case,  the  mean  square  sound  pressure  P’«  at  a 
diutance  a  from  the  disc  along  its  central  axis  can  be  given,  for 
hemispherical  radiation,  by* 


P*.  =  t  W  Z./(2AR»)I»ln[(R/a)‘  1] 


(3) 


where  V  is  the  total  acoustic  power  output  of  the  disc  source,  and 
Zo  ’.s  the  characteristic  acoustic  impedance  of  air. 

The  spreading  loss  A*  for  this  case,  at  a  distance  a,  relative 
to  the  sound  level  along  the  disc  axis  at  a  distance  R,  is  simply; 

A.  =  10  Ig(  ln(2)/ln(<R/a)»  +  1)  1  (4a) 

For  the  second  case,  the  spreading  loss  Aa  along  a  line  in  the 
disc  plane  at  a  distance  a  from  the  edge  of  the  disc  relative  to  the 
sound  level  along  this  line  at  a  distance  R  from  the  edge  is  given 
by' 


A.  =  10  lg(  ln(4/3)/ln{(l  (R/a))*/((l  +  (R/e))‘  -  D)  J  (4b) 

These  two  cases  for  spreading  loss  are  shown  in  Figure  2. 


1256 


4.  Rectangular  Array  of  Incoherent  Sources 

Rectangular  arrays  of  incoherent  sourcea  are  alco  connonly  used 
for  aodeling  large  distributed  sources  such  as  inaustrial  plants. 

For  example,  the  spreading  propagation  loss  along  the  central  axis 
normal  to  rectangular  arrays  has  been  evaluated  for  a  range  of 
rectangular  array  shapes^ along  with  spreading  losses  along  a 
line  in  the  plane  of  the  array*.  Numerical  integration  has  been 
employed  to  evaluate  the  spreading  loss  that  would  be  measured  on 
the  ground,  (ignoring  ground  effects)  along  a  line  normal  to,  and 
originating  from,  the  mid-point  of  the  lower  edge  of  a  vertical 

radiating  wall  of  height  b  and  length  c  with  c  >b*.-  Applying  the 
same  approach  outlined  earlier  for  a  disc  source,  the  spreading 
loss,  Aa  along  this  line  at  any  distance  a,  relative  to  the  level 
along  the  same  line  at  a  distance  equal  to  the  shortest  dimension,  b 
can  be  given  as; 


Aa  =  10  Ig 


(k/2)  tan-»(c/b)  j 

tan'‘(b/a)»tan‘*{c/2a)  j 


+  K(a/b) 


(5a) 


where  K(a/b)  is  a  “near  field”  correction  factor  that  has  been 
shown,  graphically,  to  be  a  function  of  a/c  with  the  aspect  ratio 
c/b  of  the  wall  as  a  parameter.*  However,  as  shown  in  Figure  3, 
this  function  can  be  expressed  to  a  rlcse  approximation  in  terms  of 
only  the  ratio  a/b  of  the  distance  a  from  the  wall  to  the  length  b 
of  the  shortest  side  and  given  by  the  following  where  0  =  l-lg(a/b): 


K(a/b) 


0.337  +  0.575  fi  -  0.912  ,  a/b  <  0.3 

0  ,  a/b  2  0.3 


(5b) 


Eq.  (5a)  and  (5b)  were  used  to  construct  the  curves  in  Figure  4 
for  the  spreading  loss  along  the  median  ground  line  for  four 
different  values  of  the  aspect  ratio  c/b  of  the  noise  radiating  wail 
••  1,3,5  and  8.  However,  the  abscissa  for  all  of  these  curves  is  the 
non-dimensional  distance  a/R*  where  R«  is  toe  radius  of  a  circle 
with  the  same  area  (b  x  c)  as  that  of  the  wall.  Thus,  this 


normalized  distance,  a/Re  was  simply  equal  to  (a/ii/bc.)  As 
,  indicated  in  Figure  4,  this  method  of  evaluating  the  spreading  loss 

for  these  various  rectangular  wall  source  arrays  indicates  that  the 

f  spreading  losses  have  roughly  the  same  value  for  the  same  value  of 

a/R« .  For  comparison,  the  figure  also  shows  the  spreading  loss 
from  Figure  3  for  the  case  of  propagation  along  the  central  axis  of 
'  a  disc  source.  The  close  similarity  between  this  curve  and  the 

curves  for  the  rectangular  wall  source,  when  evaluated  at  the  same 
value  of  a/Re,  is  quite  clear. 

5.  Spreading  Loss  from  an  Infinite  Plane  Source 

To  estimate  the  horizontal  and  vertical  distribution  of  noise  in 
5  a  community,  models  have  been  developed  to  describe  the  average 

sound  level  measured  in  the  plane  of  an  infinite  array  of  incoherent 
I  sources®  and  along  a  vertical  line  normal  to  such  an  infinite 

i  plane^.  The  latter  model  predicts  the  experimentally-measured  low 

I  vertical  gradient  in  high-density  urban  community  outdoor  noise  at 

I  various  floor  levels  of  high  rise  buildings’. 
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More  complex  spreading  loss  prediction  models  have  been  also  been 
developed,  analytical ly*-*"  and  experimental ly“ - ‘ »  to  describe 
sound  propagation  in  urban,  built-up  areas  primarily  from  surface 
transportation  but  including  V/STCL  aircraft**.  Some  of  these  models 
include  consideration  of  multiple  ’•eflections  and  shielding  by  high- 
rise  urban  buildings. 

6.  Summary 

A  limited  number  of  expressions  have  been  presented,  and 
illustrated  graphically,  which  summarize,  and  some  cases,  siriplify, 
previously  published  models  for  predicting  the  spreading  lo;')  from 
various  types  of  arrays  of  incoherent  sources. 
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ABSTRACT 

An  overview  is  presented  of  our  work  on  sound  propagation  models.  These  models  are 
applied  for  the  prediction  of  noise  immission  levels  in  the  atmosphere  as  well  as  for  studies  on 
acoustic  and  elastic  propagation  through  earth-layers  for  seismic  exploration  applications.  The 
computational  models  that  we  use  range  from  ray-tracing  algorithms  to  finite  difference 
techniques.  Additionally,  physical  scale  models  are  used. 

In  this  paper  our  focus  will  be  on  near  surface  atmospheric  sound  propagation.  The 
applicability  of  the  various  model  approaches  will  be  discussed  and  emphasis  will  be  given  to 
the  effects  of  the  influences  of  temperature  and  wind  gradient  profiles,  decorrelation  over  large 
distances  and  ground  absorption.  It  will  also  be  discussed  how  these  phenomena  can  be 
accounted  for  in  the  various  models.  Depending  on  the  pjiysical  conditions  to  be  studied  and  the 
required  accuracy,  it  is  discussed  whether  to  use  ray-tracing,  beam-tracing,  wave  number 
domain  techniques,  full  finite  difference  or  a  physical  scale  model. 


1.  INTRODUCTION 

In  this  paper  we  will  discuss  some  major  phenomena  that  influence  sound  propagation.  We 
will  focus  on  outdoor  situations,  but  some  parts  of  the  underl3nng  theory  and  modeling 
schemes  are  applicable  in  other  acoustic  disciplines  as  well,  i.e.  in  underwater  acousti<»  and 
in  seismics.  For  underwater  acoustics  this  is  quite  obvious,  as  the  same  wave  equation  is 
applicable  (neglecting  shear  forces).  For  seismics  this  is  only  partly  true,  because  the  ea^ 
solid  can  propagate  both  compressional  and  shear  waves.  However,  if  decomposition  is  applied 
to  the  data  first,  compressional  and  shear  date  can  be  analyzed  separately.  In  our  group  much 
cross-fertilization  takes  place  between  the  disciplines  of  acoustics  and  seismics,  especially  for 
computational  schemes  of  wave  propagation. 

In  the  next  sections  we  will  first  discuss  the  physical  phenomena  that  influence  outdoor 
sound  propagation.  Next  we  will  summarize  some  important  propagation  modeling  schemes 
and  present  a  discussion  on  the  different  physical  phenomena  that  can  or  cannot  be  introduced 
into  such  models.  Finally,  we  will  present  scale  model  measurements  and  numerical  results  of 
the  different  models. 


2.  PHYSICAL  PHENOMENA 

Sound  propagation  is  influenced  by  many  different  physical  phenomena.  To  quantify  the 
effects  of  these  phenomena,  we  will  need  the  related  physi^  models;  they  are  discussed  in  the 
next  section.  Here  we  will  restrict  ourselves  to  a  qualitative  description. 
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Screening  One  of  the  most  important  factors  that  influences  sound  propagation  is  given  by  the 
screening  of  the  waves  by  obstacles.  One  makes  practical  use  of  that  by  constructing  walls  and 
barriers  to  diminish  the  propagation  of  traffic  noise. 

Air  absorption  Another  important  factor  is  given  by  the  absorption  of  the  medium,  caused  by 
molecular  thermal  relaxation,  viscosity  and  heat  conduction.  It  is  well  known  that  without  this 
kind  of  absorption,  we  would  live  in  a  very  noisy  environment! 

Ground  absorption  When  propagation  takes  place  close  to  the  ground  the  so-called  ground 
absorption  plays  an  important  role.  In  fact  the  term  absorption  is  misleading.  Most  part  of  the 
extra  attenuation  due  to  the  ground  surface  is  not  caused  by  absorption  but  by  the  destructive 
interference  between  direct  and  reflected  sound. 

Gradients  Sound  propagation  is  also  strongly  influenced  by  spatial  and  temporal  inhomo¬ 
geneities  and  moving  of  the  medium.  The  wind-  and  temperature  profiles  are  of  particular 
importance.  They  can  lead  to  acoustic  shadow  zones  and  to  regions  with  very  high  immission 
levels. 

Turbulence  Another  class  of  effects  is  given  by  wind  turbulence  and  irregularly  shaped 
temperature  inhomogeneities.  This  can  lead  to  longitudinal  and  transverse  coherence  loss. 


3.  PROPAGATION  MODELING 


Modeling  of  sound  propagation  is  based  on  a  simplified  description  of  the  real  propagation 
process  that  takes  place.  From  a  theoretical  point  of  view,  one  would  like  to  solve  the  acoustic 
wave  equation  for  an  inhomogeneous,  moving  medium.  This  wave  equation  is  given  by 


PoV 


d^p  B  / 


+PoV.{vt.V)vt=-s 


(1) 


In  this  equation  p  is  the  sound  pressure  as  a  function  of  x,  y,  z  and  t,  po  is  the  density  of  the 
medium  which  may  be  a  function  of  x,  y  and  z,  c  is  the  sound  velocity,  which  may  also  be  a 
function  of  x,  y  and  z,  s  is  a  source  function  of  x,  y,  z  and  t,  and  Vj  is  the  total  particle  velocity, 
which  is  also  a  function  of  x,  y,  z  and  t.  In  many  cases  it  is  useful  to  distinguish  between  the 
medium  velocity  (in  air  the  wind  velocity)  v©  and  the  acoustic  particle  velocity  v: 


Vt  =  vo  +  v  .  (2) 

Analytical  solutions  of  Eq.  (1)  are  only  possible  for  very  simple  boundary  conditions  and  very 
simple  functions  of  Po(x,  y,  z),  c(x,  y,  z)  and  V(j(x,  y,  z).  For  practical  situations  numerical 
solutions  are  needed.  Such  solutions  are  based  on  numerical  integration  of  the  wave  equation 
or  approximations  of  that.  Besides  that  it  must  be  mentioned  that  to  include  absorption  effects, 
even  a  more  complicated  wave  equation  is  needed. 

The  following  m^eling  procedures  are  used  in  practice: 


Wave  field  extrapolation  in  the  time  domain 

This  procedure  is  often  used  in  seismic  modeling  and  is  based  on  a  Taylor  series  expansion  of 
p{r,  t)  as  a  function  of  t  (here  r  represents  the  spatial  coordinates  x,  y,  and  z).  By  application  of 
the  wave  equation,  the  temporal  differentiations  arc  replaced  by  spatial  differentiations.  In  two- 
dimensions  this  leads  for  Vq  =  0  to  the  following  expression  [1]: 


(cAt)* 


p(x,z,t) + (cAt)*s(x,z,t)  H 


p(x,z,t+  At)  =  -p(x,z,t-At)+ 

^^^^[p(x+A,z,t)+(x-A,z,t)+(x,z+A,t)+(x,z-A,t)]  . 
A 


(3) 


This  solution  is  accurate  and  stable  if  Atc/V2<:A<k,„i„/10  in  two  dimensions  or 
Ate  /  -^  <  A  <  X„j„  / 10  in  three  dimensions.  is  the  minimum  wave  length  to  be  considered. 


12^2 


In  the  special  case  that  the  medium  is  laterally  homogeneous  between  the  planes  z  s  zo  and 
z  =  za,  the  Green’s  function  G  is  spatially  only  dependent  on  Ar,  which  means  that  the  wave 
field  extrapolation  between  Zgand  z^  can  be  written  as  a  spatial  convolution.  This  means  that  if 
we  take  a  spatial  Fourier  transform  from  x  to  k,  and  from  y  to  ky,  the  extrapolation  reduces 
from  a  convolution  to  a  multiplication.  The  extrapolation  is  simply  given  by  [1] 

P(k„ky  .zj^,©) = P(k,,ky,zo,»)e"****  (6) 

with  Az  =  I za  - ZqI  and  k*  =-^k^-k^-ky.  This  result  clearly  shows  that  the  spatial  Fourier 
transform  in  the  x  and  y  direction  results  in  a  decomposition  of  the  wave  field  into  plane  waves. 
When  the  medium  is  inhomogeneous  between  Zq  and  za.  also  traveling  waves  in  the  opposite 
direction  occur.  Now  a  method  similar  to  Eq.  (6)  can  ^  used  if  the  medium  is  built  up  from 
small  homogeneous  layers.  Within  each  layer  ui^oing  and  downgoing  waves  appear 
simultaneously.  At  each  interface  the  pressure  and  its  derivative  must  be  continuous,  hence 
Eq.  (6)  turns  into  a  matrix  equation.  As  can  be  seen  from  Eq.  (6),  only  inhcnnogeneities  in  the  z- 
direction  can  be  introduced,  so  only  soiled  stratified  media  can  be  dealt  with. 
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Bav-acpustica 

The  wave  field  extrapolation  methods  rely  on  the  computation  of  the  wave  propagation  over  a 
large  spatial  area.  However,  for  the  propagation  of  sound  from  a  source  to  a  receiver,  only  a 
part  of  this  area  is  important:  there  are  sO'Called  propagation  paths  along  which  the  acoustic 
energy  is  transported  to  the  receiver.  Prom  that  point  of  view  it  is  obvious  to  try  a  ray  approach. 
The  ray  approach  is  based  on  two  principles; 

I  1)  Along  a  ray  path  the  sound  field  may  be  locally  approximated  by  a  plane  wave.  The  medium 
f  parameters  determine  how  fast  and  in  which  direction  the  sound  travels. 

I  2)  The  acoustic  energy  is  transported  in  the  direction  of  the  rays.  Using  this  principle,  the  ray 
!  tube  cross-section  can  be  used  to  determine  the  intensity  along  a  ray  path.  We  call  this 
;  procedure  beam-tracing. 

!  The  ray  paths  can  be  computed  from  the  ray-tracing  equations  [2].  The  first  ray-tracing 
equation  gives  the  end  point  r  of  the  ray  as  a  fimetion  of  time: 

dr  s 

—  =  cn+Vo  .  (7.a) 

] 

I  n  is  the  normal  of  the  wave  front  and  Vq  is  the  wind  velocity. 

I  The  second  ray-tracing  equation  gives  the  changing  of  the  angle  a  of  the  wave  front  normal  as 

j  a  function  of  time.  In  a  moving  medium  this  is  a  rather  complicated  equation.  If  we  restrict 

ourselves  to  the  x-z  plane  and  a  horizontal  wrind  Vo,,  it  is  given  by:, 

1  da  .  3c  9c  f  .  3vox  m.s 

—  =  8ma— -cosa— +co8a  smo-r^-cosa-i^  .  (7.b) 

dt  3x  3z  V  3x  dz  J 

? 

i  This  equation  shows  that  the  ray  path  is  bended  by  the  spatial  derivatives  of  c  and  Vox-  Due  to 

I  the  bending  of  the  rays  a  situation  can  occur  where  the  reflected  rays  from  the  "okin”  of  a  ray 

■  tube  cross  each  other.  This  occurs  in  so-called  caustics.  Ray-tracing  predicts  infinite  intensity 

at  these  points,  which  is  certainly  not  correct.  Ray  theory  is  not  valid  here  and  needs  to  be 
corrected.  The  correction  is  obtained  with  a  finite  beam  width  around  the  caustic  and  a  phase 
.  correction  [2]. 

!  Physical  scale  model 

The  best  way  to  test  a  computational  model  is  to  compare  it  Avith  the  real  situation.  However, 

!  tmder  practical  conditions  it  is  often  difficult  to  measure  the  important  parameters  as  wind 
velocity  and  temperature.  It  may  also  be  difficult  to  find  a  geometrical  simple  situation  like  an 
extended  area  with  a  flat  ground  that  has  the  same  impedance  everywhere.  For  that  reason  it 
is  sometimes  advantageous  to  make  a  physical  scale  model  where  these  parameters  and  the 
geometry  are  better  under  control.,  A  physical  scale  model  can  also  be  used  for  geometrical 
situations  that  cannot  easily  be  introduced  in  a  calculation  model. 

4.  IMPLEMENTATION  OF  THE  PHYSICAL  PHENOMENA  IN  THE  MODELS 

4.1  Screening 

The  effects  of  screening  can  be  modeled  as  boundary  conditions  in  the  solution  of  the  wave 
equation,  or  as  reflecting  and/or  absorbing  surfaces  in  ray  models.  Diffraction  phenomena  are 
rather  complicated  to  account  for  in  ray  models.  For  complicated  geometrical  situations  a 
physical  scale  model  may  be  the  best  choice. 

4.2  Air  absorption 

Because  the  models  are  based  on  the  loss-free  wave  equation,  air  absorption  is  not  included  in 
I  the  wave  propagation  models  and  in  the  ray  model.  However,  the  air  absorption  can  easily  be 

;  included  because  its  effect  is  an  attenuation  expressed  in  dB/m.  Its  value  depends  on 

;  temperature,  barometric  pressure  and  humidity  and  it  is  frequency  dependent.  A  calculation 
scheme  to  compute  the  air  absorption  is  given  by  ISO  Draft  proposal  9613-1. 
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4.3  Ground  absorption 

The  ground  absorption  is  due  to  wave  (or  ray)  reflections  that  take  place  on  the  ground  surface 
due  to  the  impedance  contrast  between  the  air  and  the  ground.  Much  effort  has  been  given  to 
quantifv  its  effect  in  different  models.  A  fundamental  quantity  is  the  plane  wave  reflection 
coefficient,  given  by: 


_ZbCOS^-ZaCOS(i) 

’’  ZbCos0  +  ZflCOS(!> 

where  (j)  is  the  angle  between  the  wave  front,  and  the  ground,  Z^  is  the  specific  acoustic 
impedance  of  air  (=  poc)  and  Z),  is  the  specific  acoustic  impedance  of  the  absorbing  ground. 

The  ground  impedance  is  strongly  dependent  on  the  surface  layer.  For  open  structure  surfaces 
as  for  instance  grass  land,  an  adequate  description  is  given  by  Delany  and  Bazley  [3].  It  is  a 
function  of  frequency  and  of  the  flow  resistivity  o. 

In  the  wave  extrapolation  models,  the  ground  impedance  can  be  directly  inserted  as  a 
boundary  condition.  This  is  most  easily  done  in  the  wave  number  domain  model,  because  here 
we  are  dealing  with  a  plane  wave  decomposition.  More  difficulties  are  encountered  in  the  ray 
model,  which  must  rely  on  tlie  reflection  coefficients  of  the  reflected  rays.  Direct  application  of 
the  plane  wave  reflection  coefficient  is  not  allowed  for  frequencies  below  about  1000  Hz.  In  a 
homogeneous  situation  without  wind  the  spherical  reflection  coefficient  must  be  used  as 
derived  by  Attenborough  et  al.  [4].  In  the  inhomogeneous  case,  where  temperature  and  wind 
profiles  are  encountered,  an  exact  solution  is  not  known. 


4.4  Wind  and  temperature  profiles 

An  important  effect  of  the  meteorological  processes  that  take  place  in  the  atmosphere  near 
the  ground  is  the  occurrence  of  wind  and  temperature  profiles.  The  wind  leads  to  a  direct 
convection  of  the  medium  that  transports  the  acoustic  energy,  so  the  wave  field  itself  is  also 
transported.  Hence,  the  wind  has  a  vectorial  influence  on  the  wave  field.  The  temperature 
changes  have  no  direct  influence  on  the  wave  propagation,  but  an  indirect  influence,  because 
the  sound  velocity  depends  on  the  temperature.  A  good  approximation  is  given  by  c  =  20Vt, 
with  T  the  absolute  temperature  in  Kelvin  and  c  in  m/s.  Hence,  the  temperature  has  a  scalar 
influence  on  the  wave  field.  The  effects  of  the  wind  and  temperature  profiles  can  be  modeled 
with  both  the  wave  propagation  models  and  the  ray  model.  In  the  situation  of  a  plane  ground 
without  any  obstacles,  it  is  a  good  approximation  to  assume  only  a  horizontal  wind  and  only 
vertical  wind  and  temperature  profiles  (stratified  medium).  Under  such  conditions  the 
equations  are  simplified  considerably.  It  also  means  that  the  wave  field  extrapolation  can  be 
carried  out  in  the  wave  number  domain.  An  example  is  the  wave  field  model  of  Nijs  and 
Wapenaar  [5].  In  many  ray-tracing  models  one  also  makc.s  use  of  the  assumption  of  a  stratified 
medium.  It  is  shown  by  Boone  and  Vermaas  [2]  that  the  ray-tracing  equations  can  easily  be 
solved  numerically  without  making  use  of  that  property.  The  principle  is  illustrated  in  figure  2, 
showing  how  the  wave  front  moves  and  bends  tmder  the  influence  of  spatial  variations  in  c  and 
V.  Using  this  approach,  even  vertical  wind  components  can  easily  be  included. 

To  obtain  realistic  values  for  the  sound  propagation  under  the  influence  of  wind  and 
temperature  profiles,  these  quantities  must  be  modeled  in  a  realistic  way  [6,  7,  8]. 


Figure  2:  Ray-path  and  wave 
front  construction  in  an 
inhomogeneous,  moving 
medium. 
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4.5  Turbulence 

The  assumption  of  a  stratified  medium  with  wind-  and  temperature  profiles  that  are 
independent  of  time  is  only  partly  valid.  In  reality  the  wind  and  temperature  profiles  may  vary 
as  a  function  of  time.  Besides  that,  the  wind  causes  eddies  of  moving  air  and  during  day  time 
there  may  be  a  vertical  air  flow  in  connection  with  thermal  effects.  Hence,  the  acoustic  wave 
propagation  takes  place  through  a  medium  that  contains  irregularities  in  a  spatial  and  in  a 
temporal  sense.  These  effects  cannot  directly  be  taken  into  account  in  the  propagation  models. 
Slow  variations  in  the  profile  parameters  can  be  studied  by  repeated  modeling  with  changing  of 
these  parameters.  The  smaller  irregularities,  which  also  change  as  a  function  of  time  will 
have  to  be  modeled  in  a  statistical  sense.  The  effects  can  be  expressed  in  the  longitudinal  and 
transverse  coherence  loss  of  the  medium  [9].  The  longitudinal  coherence  loss  is  important  if  a 
correlation  procedure  is  used  between  a  source  and  a  receiver  signal.  Such  coherence 
techniques  strongly  rely  on  the  assumption  of  a  time  invariant  linear  transfer  function  of  the 
medium.  For  noise  control  purposes  this  is  of  less  importance.  The  transverse  coherence  loss  is 
a  measure  for  the  decorrelation  along  a  wave  front  or  between  two  closely  traveling  rays.  From 
this  concept  it  can  be  understood  that  the  interference  dip  of  a  direct  and  a  reflected  ray  is  less 
pronounced  at  larger  distances.  Such  decorrelation  effects  can  most  easily  be  accounted  for  in  a 
ray-tracing  model. 


5.  RESULTS 


At  our  laboratory,  several  modeling  procedures  have  been  studied  for  outdoor  sound 
propagation.  They  have  been  presented  by  Boone  and  Vermaas  [2]  and  Boone  and  Jabben  [10]. 
The  results  of  Boone  and  Jabben  [10]  are  reproduced  here  to  show  a  comparison  between  a 
physical  scale  model,  the  wave  field  extrapolation  method  of  Nijs  and  Wapenaar  [6]  and  the 
ray-tracing  method  of  Boone  and  Vermaas  [2].  The  situation  that  was  studied  is  a  1 ;  100  scale 
model  with  a  linear  temperature  profile  above  a  hard  ground  surface.  The  ray  patterns  for  a 
monopole  source  at  x  =  0  and  z  =  0.0223  m  and  a  temperature  profile  of  84  K/m  are  shown  in 
figure  3.  Measurements  and  simulations  were  carried  out  for  a  receiver  position  at  x  =  2.32  m 
and  z  =  0.03  m  and  with  different  temperature  profiles.  Figure  4  shows  the  results  for  a 
temperature  profile  where  the  receiver  is  just  in  the  shadow  zone  of  the  caustic.  We  see  a  good 
agreement  between  the  wave  field  extrapolation  model  and  the  measurements  but  the  ray¬ 
tracing  gives  results  that  are  too  low,  because  the  diffracted  field  of  the  caustics  is  absent. 
Figure  5  shows  the  results  for  a  temperature  profile  where  the  receiver  is  just  behind  the 
caustic.  Now  all  three  models  agree  very  well. 

We  are  presently  involved  in  a  study  on  the  propagation  of  soimd  over  large  distances.  In  this 
study  measurements  are  carried  out  outdoors  which  are  compared  with  our  calculation 
models.  We  are  especially  working  on  a  realistic  modeling  of  the  temperature  and  wind 
profiles  and  the  turbulence.  Typical  measured  wind  and  temperattire  profiles  are  shown  in 
figure  6.  Notice  the  strong  gradients  in  the  region  of  0  <  z  <  1  m.  We  found  that  our  ray 
calculations  are  sometimes  unstable  due  to  these  strong  gradients,  probably  because  of  the 
finite  difference  approximations  that  are  made.  However,  we  must  realize  that  for  long  wave 


Figures:  Ray-plot  of  the 
physical  scale  model 
measurements  with 
dT/dz  =  84  K/m. 
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excess  attenuation  (dB)  1  I  excess  attenuation  (dB) 


1267 


6.  CONCLUSIONS 


For  the  calculation  of  the  outdoor  sound  propagation  a  choice  has  to  be  made  between 
available  numerical  models.  A  compromise  has  to  be  found  between  complexity  of  the  model 
and  accuracy  of  the  calculations.  In  those  cases  where  the  transfer  function  may  be  viewed  as 
a  time-invariant  linear  system  caused  by  stratified  temperature  and  wind  profiles  above  a 
homogeneous  plane  groimd  surface,  the  wave  field  extrapolation  model  in  the  wave  number 
domain  is  a  good  choice.  This  model  works  also  good  in  shadow  zones  and  caustics.  In  the  case 
of  complicated  gradients  and  ground  surfaces,  ray-tracing  is  to  be  preferred,  because  the  ray¬ 
tracing  equations  can  easily  he  solved  even  under  complicated  circumstances.  However, 
shadow  zones  cannot  easily  be  handled  and  in  caustic  regions  a  special  beam-tracing  is 
required.  For  more  complicated  situations  where  also  turbulence  is  involved,  a  modified  beam¬ 
tracing  algorithm  is  proposed. 
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ABSTRACT 

The  wind  and  temperature  gradients  cause  refraction  of  the  sound  rays,  and  hence  influence  the  sound  level.  The 
curvature  of  a  nearly  horizontal  sound  ray  can  be  calculated  by  using  measurements  of  wind  and  temperature.  A 
riKthod  for  estimating  the  curvature  without  profile  measurements  is  given.  An  empirical  connection  between 
curvature  and  sound  level  has  been  determined.  A  way  of  examine  if  a  specific  set-up  of  source-receiver  can  be 
sensitive  to  the  weather  is  presented. 

INTRODUCTION 

The  understanding  of  sound  propagation  outdoors  has  increased  during  the  past  decades  Today  there  exist 
different  types  of  prediction  schemes  at  a  propagation  models  for  planning  purposes.  They  are  often  restricted  to 
certain  meteorological  conditions,  r..g.  'moderate  downwind',  and  do  not  take  the  local  climate  into 
consideration.  How  common  these  conlitions  ate  for  an  actual  site  is  not  taken  into  consideration.  The  predicted 
quantity  is  often  a  single  value,  e.g.  the  long-term  average  sound  level,  and  gives  no  information  about  the 
highest  noise  levels  and  how  often  they  occur. 

The  cumulative  distribution  ought  to  be  a  more  useful  tool  for  users.  It  contains  more  information  needed 
for  decision-making,  e.g.  the  fraction  of  time  a  certain  noise  le<’el  is  exceeded,  or  what  noise  level  is  exceeded, 
e.g.  the  worst  5  %  of  the  time.  The  mean  or  the  median  sound  level  gives  no  information  about  the  upper  and 
lower  tail  of  the  distribution.  Two  distributions  with  difierent  highest  levels  can  have  the  same  mean  value. 

They  only  way  to  obtain  the  distribution,  without  expensive  long-time  sound  level  measurements,  is  to 
include  the  effects  of  the  weather  and  the  climate  for  an  area. 

Since  1976,  investigations  concerning  meteorological  effects  on  sound  propagation  have  been  carried  out 
at  the  Department  of  Meteorology  at  tiic  Uppsala  University.  A  nu.-.iber  of  experimental  theoretical 

studies  have  been  performed.  It  war  found  that  the  meteorological  effects  were  noticeable  at  a  distance  of  25 
m  from  the  source  and  increased  with  decreasing  receiver  height 

METEOROLOGICAL  EFFECTS  ON  .f.OUND  PROPAGATION 

The  three  most  significant  meteorological  effects  on  sound  propagation  are:  refraction,  atmospheric 
absorption  and  scattering  by  turbulence. 

Refraction  of  sound  rays  occurs  if  the  sound  velocity  and/or  the  wind  speed  change  along  the  ray  prth, 
i.e.  there  are  gradients  of  wind  and  temperature.  The  wind  and  temperature  fields  arc  horizontally  homogeneous 
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in  reasonably  flat  terrain.  Thus  wind  speed  and  temperature  depend  on  elevation  (z)  only.  They  arc  dependent  on 
each  other  through  the  governing  hydrodynamic  equations.  The  refraction  influences  the  sound  level.  The  angle 
of  incidence  at  the  ground  is  changed,  which  results  in  varying  ground  attenuation  with  the  radius  of  curvature, 
see  Eq.  (1).  In  downwind  conditions  a;id/or  temperature  inversion  the  sound  rays  are  bent  downwards,  and  in 
upwind  conditions  and/or  lapse  they  are  bent  upwards.  Upwind  conditions  and/or  lapse  create  areas  which  no 
direct  sound  ray  can  reach,  known  as  sound  shadow  zones.  The  refractive  effects  of  the  gradients  of  the 
temperature  and  the  component  of  the  wind  in  the  direction  of  propagation  are  additive.  A  suitable  parameter  for 
characterizing  the  refraction  is  the  curvature  of  near-horizontal  sound  rays,  1/R 


R 


a/t  'Sz  0z 


(1) 


where  R  is  the  radius  of  curvature  (m),  T  is  the  temperature  (K),  c  is  the  sound  velocity  (m/s)  and  u  is  the 
component  of  the  wind  vector  (m/s)  in  the  direction  of  the  ray.  To  get  values  around  unity  for  the  curvature  we 
introduce  k: 

k  =  1/R  103  (2) 


Figure  1.  The  cumulative  distribution  of  the  curvature  for  a  source  located  north,  east,  south  and 
west  of  the  receiver,  r.sspectively. 

All  the  parameters  in  Eq.  (1)  are  functions  of  z.  The  largest  vrjiations  of  the  curvature  take  place  near  the 
ground,  where  the  gradients  are  steepest.  To  choose  a  representative  height  interval  in  order  to  determine  the 
gradients  is  not  easy.  It  is  possible  to  calculate  a  mean  value  of  the  curvature  in  a  layer  where  sound  propagates 
but  the  layer  will  change  with  weather  conditions  and  source  and  receiver  heights.  A  simpler  and  more  practical 
approach  3  is  to  use  finite  differences  lor  the  gradients,  and  hence  obtain  a  k-value  which,  in  some  sense,  is  an 
average  value.  The  heights  0.5  and  10.0  m  seems  to  give  values  close  to  mean  values  determined  from  ray 
tracing.  The  lowest  height  is  chosen  close  to  the  ground  and  10  m  is  the  meteorological  standard  height  for  wind 
speed  measurements.  Using  the  measuiing  heights  0.5  and  10  m  Eqs.  1  and  2  can  be  simplified  as 

k  =  (0.6AT  +  Au)/3.2  (3) 
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where  AT  is  the  temperature  difference  in  K  or  ®C,  and  Au  is  the  wind  component  difference  in  m/s.  Finite 
differences  between  O.S  and  10  m  hare  been  used.  The  parameter  could  be  used  as  an  external  parameter 
describing  the  sound  propagation  conditions.  In  studies  of  sound  propagation  up  to  1  km  it  was  shown  that 
the  variations  of  the  sound  level  under  various  meteorological  conditions  depend  mainly  on  the  influence  of 
refraction  on  the  ground  effect.  Comparisons  with  other  investigations  were  made  ^  and  qualitative 
agreement  was  found. 

The  distribution  of  k  must  be  determined  for  different  locations.  Figure  1  display  the  curvature,  k,  from 
Marsta  in  Uppsala,  Sweden  during  1986  and  1987.  Maintenance  and  instrumental  errors  reduced  the  data  set  to 
cover  97.8  %  of  the  period. 

Looking  at  the  curvature  that  was  exceeded  for  5  %  of  the  time,  we  conclude  that  the  highest  curvature  is 
found  for  the  source  location  west  of  the  receiver.  This  is  not  surprising  since  the  wind  direction  distribution  for 
Marsta  has  a  maximum  around  the  south-west  and  a  minimum  around  the  east.  In  general,  an  increasing 
curvature  means  an  increasing  sound  level,  and  thus  this  location  will  also  give  the  highest  sound  levels.  The 
best  location  for  a  source  near  Marsta  must  be  in  the  sector  between  north  and  east.  Very  small  differences 
between  the  curves  are  found  for  the  highest  curvatures,  i.c.  cases  when  the  temperature  stratification  dominates 
over  the  wind  stratification  in  Eq.  (1),  viz.  mostly  temperature  inversions  with  low  wind  speed. 

A  cumulative  plot  of  the  curvature  can  be  used  for  general  planning  purposes,  since  the  sound  level  usually 
increases  with  increasing  curvature.  This  is  less  costly  and  time-consuming  than  calculation  of  the  sound  level, 
in  which  case  empirical  or  model  results  relating  the  sound  level  to  the  curvature  must  be  used. 

The  atmospheric  absorption  depends  on  frequency,  relative  humidity,  temperature  and  atmospheric 
pressure.  The  sound  attenuation  due  to  the  absorption  can  be  calculated 

Turbulence  has  a  two-fold  effect  on  sound  propagation.  First,  the  temperature  fluctuations  lead  to 
fluctuations  in  the  velocity  of  sound.  Secondly,  turbulence  velocity  fluctuations  produce  additional  random 
distortions  of  the  sound  wavefiont.  Turbulence  scatters  sound  into  sound  shadow  zones  and  causes  fluctuations 
of  the  phase  and  the  amplitude  of  the  sound  waves,  thus  destroying  the  interference  between  different  rays 
reaching  the  receiver.  This  gives  higher  sound  levels  than  expected  for  frequencies  where  the  ground  effect  has 
its  maximum.  The  effect  of  turbulence  can  be  disregarded  for  low  f  equencies  and  distances  up  to  a  few  hundred 
meters. 


VARIATIONS  OF  SOUND  PROPAGATION  CXINDITIONS  DURING  A  DAY  WITH  A  SMALL  AMOUNT 
OF  CLOUDS 

Wind  and  temperature  profiles  cause  variations  in  the  sound  level  especially  during  parts  of  a  day  with  a  small 
amount  of  clouds. 

An  example  taken  from  such  a  day  is  given  in  Figs.  2-4.  Acoustic  and  meteorological  measurements  were 

carried  out  at  the  Marsta  Meteorological  Observatory  (59°55'N,  Gr),  which  belongs  to  the  Department 

of  Meteorology  of  the  Uppsala  University.  The  site  is  a  typical  agricultural  area  with  few  obstacles.  The  area 

around  the  observatory  is  very  flat,  the  level  differing  by  few  meters  over  the  nearest  km  . 

An  anticyclone,  centered  over  Scandinavia,  gave  fair  weather  at  Marsta  on  25  June  1986.  The  temperature  and 
wind  speed  at  O.S,  l.S,  4.0, 9.8  and  17.6  m  are  given  in  Figs  2  and  3.  The  temperature  roughly  describes  a  sine 
curve,  the  minimum  occurring  around  sunrise,  and  the  maximum  in  the  afternoon.  Sunrise  and  sunset  are 
indicated  by  vertical  arrows.  The  wind  direction  is  given  at  the  top  of  the  Figure.  The  temperature  increases  with 
height  during  the  night  (inversion)  and  decreases  with  height  durl'ig  the  day  (lapse)  as  a  result  of  the  balance 
between  the  incoming  the  outgoing  radiation. 

Wind  speed  normally  increases  with  height  above  the  ground.  A  diurnal  wave  of  wind  speed  close  to  the 
ground  was  found  even  though  the  driving  force,  the  large-scale  pressure  gradient,  was  constant.  The 
temperature  distribution,  given  in  Fig.  2,  influenced  the  wind  speed  distribution  in  Fig.  3,  and  the  maximum 

wind  speed  was  found  in  the  afternoon.  The  stalling  speed  of  the  anemometers  was  around  0.5  m  s’’,  influenced 
the  wind  speed  values  and  gave  some  iticortect  mean  values  during  the  night 

The  described  daily  pattern  of  temperature  and  wind  speed  *s  very  often  masked  by  weather  systems  of 
different  scales.  The  amount  of  incoming  and  outgoing  radiation  decreases  with  an  increasing  amount  of  clouds, 
resulting  in  smaller  temperature  gradients.  The  influence  from  wind  fields  associated  with  cyclones  or  land-  and 
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sea-breeze  circulations  were  usually  much  greater  than  the  daily  panem  described  in  Figs.  2  and  3. 

In  Fig.  4,  examples  from  the  results  of  the  acoustic  measutements  during  the  day  and  the  evening  are 
presented.  The  distance  was  100  m  the  source  height  was  1.4  m  and  the  receiver  height  1.25  m.  The  levels  were 

corrected  for  atmospheric  absoiption  using  the  standard  ANSI  band  method.*^  The  ground  along  the  line-of- 
sight  from  the  source  to  the  receiver  was  covered  with  5-10  cm  high  grass,  over  the  nearest  50  m  to  the  source, 

and  the  rest  consisted  of  40  cm  high  crops.  The  loudspeaker  was  directed  towards  251®,  nearly  WSW,  and  the 

wind  direction  was  from  256®  and  1S5'’,  respectively,  for  the  cases  displayed  in  Fig.  4.  Numerical  ray  tracing^ 
was  carried  out  for  these  periods  to  illustrate  the  propagation  conditions,  llie  temperature  decrease  with  height, 
together  with  tlie  light  upwind,  created  a  sound  shadow  during  the  period  between  10*^  and  10^®.  The 
temperature  increase  with  height  during  the  evening  made  it  possible  for  many  sound  rays  to  reach  the  receiver. 

The  sound  level  for  the  500-4000  Hz  octave  bands  showed  increased  sound  pressure  values  between  10 
and  20  dB.  It  did  not  change  considerably  in  the  lower  octave  bands.  From  this  and  other  measurements,  we 
conclude  that  the  weather  conditions  influence  the  sound  propagation  close  to  ground  mostly  in  octave  bands 
from  500  Hz  and  higher..  The  variations  during  a  day  within  an  octave  band  were  up  to  20  dB. 


Figure  4.  Examples  of  sound  spectra  during  the  day  and  the  evening  of  25.  June  1986. 

Distaiice  100  m,  source  height  1.4  m;  receiver  height  1.25  m. 

THE  EMPIRICAL  CONNECTION  BETWEEN  CURVATURE  AND  SOUND  LEVEL 

Results  fi-.om  simultaneous  acoustic  and  meteorological  measurements  at  the  Department  of  Meteorology 
describes  the  empirical  connection  between  curvature  and  sound  levcl.^®*'^ 

The  normalized  sound  level,  level  relative  free  field  a.nd  corrected  for  the  atmospheric  absotprion**,  and  the 
curvature  from  Eq.  (3)  were  computed 

The  sound  levels  are,  for  most  octave  bands,  lowest  for  negative  curvatures,  i.e.  when  the  rays  were  bent 
up  from  the  ground  and  creating  sound  shadow,  and  highest  for  positive  curvatures,  see  Fig.  5  where  results 
from  measurements  at  a  distance  100  m  from  a  source  at  1.4  m  and  a  receiver  at  1.25  m  arc  displayed.  Such  an 
empirical  connection  between  sound  revel  and  refraction  was  shown  earlier  and  has  also  been  used  in  a 
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method*®  for  calculation  of  the  conditions  for  sound  propagation  close  to  the  ground.  The  regression  coefficients 
varied  between  0.89  and  0.94  for  the  curves  in  Fig.  5. 

A  straight  line  is  the  best  fit  for  the  500  Hz  octave  band.  The  larger  curvature  the  higher  sound  level  is 
found.  The  other  octave  bands  display  a  more  wave-formed  curve  with  a  highest  sound  level  for  a  specific  value 
of  k  followed  by  a  decrease  in  the  sound  level  for  higher  curvatures. 


Figure  5.  Sound  pressure  level  relative  free  field,  corrected  for  atmospheric  absorption,  versus  k. 
Cultivated  ground.  Distance  source-receiver  100  m;  Source  height:  1.4  m;  receiver  height:  1.25  m. 

Some  conclusions  from  all  measurements  carried  out  at  the  site  can  be  drawn: 

1 .  The  highest  sound  level  is  found  when  source  and  receiver  are  close  to  ground  and  at  a  distance  between 
75  -  150  m.  For  larger  distances  too  many  sound  rays  propagate  from  source  to  receiver  destroying 
maximum  interference 

2.  There  are  a  tendency  for  many  of  the  curves  that  the  maximum  decreases  and  moves  to  lower  k- values 
when  the  distance,  source  and  receiver  heights  are  increased.  The  reason  for  this  is  not  completely 
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understood,  but  must  have  sometning  to  do  with  the  most  favorably  combination  of  temperature  and  wind 
gradients  giving  a  maximal  focussing  together  with  ground  attenuation. 

3.  Measurement  results  for  different  distances,  ground  types,  source  and  receiver  heights  are  given  in  a 
supplement 


A  brief  description  of  a  method^^  for  determination  of  the  curvature,  for  nearly  horizontal  sound  rays  close 
to  is  be  given  here: 
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Figure  6.  Scheme  for  estimation  of  At  by  use  of  sun-height,  cloud  amount  and  wind  speed  at  10  m. 


The  wind  and  temperature  profiles  arc  interrelated  with  each  other.  Neglecting  the  change  in  the  wind 
profile  due  to  the  temperature  profile  we  can  calculate  the  wind  speed,  v,  at  the  height  z: 


u*  z 
v(z)= —  In — 

K  ^ 

where  K  is  von  K^rmtin's  constant  «>  0.4  and  the  friction  velocity  u»: 


(4) 


Kv(z„) 
u.  - - 


is  determined  irom  wind  speed  measurements  at  the  height  and  zq  is  the  roughness  length,  see  Table  1 . 

Table  1.  Values  of  Zq,  m,  for  different  type  of  terrain. 

Forests  »>  0.8 

Fairly  level  wooded  country  =  0.4 

Farmland  between  0.02  and  0. 1 

Fairly  level  grass  plains  between  0.007  and  0.02 

Desert  (flat)  =  0.0005 


The  wind  speed  difference  between  10  and  0.5  m,  Av  is  given  by: 

Av  =  v(10)  -  v(0.5)=  —  fin  —  -  In  ^  1 

K  V  ^  ZO  J  (g) 

Au  in  Eq.  (3)  can  be  calculated  by  measuring :  ai.^'e,  0,  between  wind  direction  and  the  line  source-receiver 
and  using: 
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Au  =  Av  cos  (([»)  (7) 

At  is  taken  from  the  scheme  in  Fig.  6.  Equation  4  can  be  ustil  when  wind  speed  measurement  not  was  taken  at 
10  m  height.  The  method,  described  above,  seems  to  work  best  for  k  >  0.  The  maximum  errors  in  determining  k 
from  50  observations  during  a  two-year  period  were  <  0.3  for  k  >  0  and  <  0.5  for  k  <  0. 


i  I H  *>f4<  Kf !  I  QJ  >  i  ^  01 


A  disadvantage  with  using  the  empirical  connection  between  sound  level  and  curvature  is  that  different 
regression  constants  depending  on  ground,  distance,  source  and  receiver  heights  has  to  be  used. 

A  way  of  testing  if  a  speciflc  set-up  can  be  sensitive  to  meteorological  conditions  is  by  using  the  sound 
propagation  parameter,  W: 


k  ( Zj  +  z, 


The  sound  propagation  parameter  includes  the  weather  sensitive  parameter  (k),  see  Eq  2,  source  and  receiver 
heights  (zj,  Zf)  and  distance  (d).  The  sum  of  source  and  receiver  heights  are  squared  to  make  W  dimensionless 
and  stress  the  fact  that  the  meteoixtlogical  effects  are  larger  close  to  the  ground. 

The  sound  propagation  parameter,  W,  describes  in  a  way  the  sound  propagation  conditions  for  a  specific 
source-receiver  set-up.  The  only  distinction  necessary  for  this  parameter  is  ground  condition  and  octave  band. 

Results  with  use  of  the  sound  propagation  parameter,  W  are  shown  in  t  Fig.  7  for  cultivated  ground.  The 
results  show  a  great  scattering  of  the  data,  especially  close  to  W=0.  Outside  the  interval  W  =  ±  0.1  the  spread  is 
less  and  we  obtain  mote  or  less  the  same  sound  level  for  greater  or  smaller  W.  For  many  octave  bands  the  levels 
for  positive  and  negative  values  of  W  seems  to  be  the  same. 


Hgure  7.  Sound  pressure  relative  free  field,  corrected  for  atmospheric  absorption, 
versus  the  sound  propagation  parameter,  W.  Cultivated  ground. 
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CONCLUSIONS 


The  wind  and  temperature  gradients  cause  refraction  of  the  sound  rays,  and  hence  influence  the  sound  level.  The 
curvature  seemed  to  be  a  suitable  parameter  describing  the  sound  propagation  conditions.  A  number  of  curves, 
showing  the  connection  between  sound  level  and  curvature,  showed  very  good  correlation  with  the 
measurements.  The  curvature  can  be  calculated  by  using  measurements  of  wind  and  tenperature  or  be  estimated 
from  observations  of  clouds  and  wind  measurement  from  one  height 

A  new  sound  propagation  parameter,  W,  which  includes  distance,  source  and  receiver  height  were 
suggested  to  evaluate  if  a  specific  set-up  can  be  sensitive  to  the  meteorological  condition. 
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ABSTRACT 

The  emphasis  of  this  talk  will  be  on  linc-of-sight  propagation  through  the  turbulent  atmospheric  boundary 
layer.  Among  the  topics  discussed  arc:  (I)  New  computational  tools,  such  as  parabolic  equation  propagation  mod¬ 
els  and  large-eddy  simulations,  which  show  promise  for  modelling  the  clfccts  of  constantly-changing  atmospheric 
structure  on  acoustic  signals.  (2)  Useful  analytic  and  graphical  tools  for  describing  signal  variability,  including 
wavcfunction  phasor  diagrams  and  chaotic  attractor  reconstructions.  (3)  Recently  completed  concurrent  measure¬ 
ments  of  atmospherically-propagated  sound  and  turbulence  structure  which  indicate  that  the  spatial  scale  of  the 
fluctuations  that  drive  acoustic  signals  is  larger,  by  about  two  orders  of  magnitude,  than  previously  had  been 
thought.  (4)  Acoustic  tomographic  methods  for  reconstructing  atmospheric  turbulence  fields. 

INTRODUCTION 

The  title  of  this  paper  resembles,  quite  intentially,  the  title  of  the  1979  monograph  by  Flattc  cl  al..  Sound 
Tmnsmission  through  a  Fluctuating  Ocean  [1].  That  book  is  representative  of  a  changed  perception  of  propagation 
through  the  ocean:  no  longer  can  the  acoustician  solely  focus  his/her  efforts  on  propagation  physics;  a  firm 
understanding  of  the  spatial  and  temporal  structure  of  the  propagation  medium  is  also  required. 

Recent  research  in  atmospheric  acoustics  also  emphasizes  realistic  characterization  of  the  propagation  medium. 
This  new  focus,  combined  with  progress  in  atmospheric  measurement  technology,  atmospheric  similarity  scaling, 
and  numerical  propagation  modelling,  is  creating  many  new  and  exciting  research  topics  in  atmospheric  acoustics. 

NUMERICAL  PROPAGATION  MODELLING 

Numerical  modelling  of  sound  propagation  through  the  atmosphere  has  progressed  quickly  during  the  past 
decade.  For  example,  Raspet  ct  al.  [2)  developed  the  Fast  Field  Program  (FFP)  for  the  atmosphere  in  1983. 
This  technique  was  originally  developed  by  DiNapoli  and  Deavenport  (3]  for  oceanic  propagation  in  1980.  In  the 
FFP,  the  solution  is  assumed  to  have  cylindrical  symmetry;  i.c.,  the  environment  is  assumed  to  be  horizontally 
homogeneous.  By  approximating  an  inverse  Hankel  transform  integral  with  a  Fast  Fourier  Transform  (FFT). 
the  FFP  computes  fields  with  great  efheienry  for  distances  greater  than  a  few  wavelengths  from  the  source. 
Refinements  of  the  FFP  for  atmospheric  propagation  are  also  discussed  by  I.ee  et  oL  [4],  Franke  et  al.  (-3)  and 
Wilson  [6]. 

Of  course,  the  atmosphere,  due  to  turbulence  and  ground  surface  inhomogeneities,  is  not  horizontally  strat¬ 
ified.  But  we  still  may  ask  whether  there  are  circumstances  when  the  FFP  can  provide  useful  information.  For 
example,  suppose  one  wishes  to  model  propagation  over  approximately  flat  terrain.  Can  knowledge  of  the  mean 
verti^  pnd^  of  wind  and  temperature  te  used  to  predict  the  spatial  dependence 
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of  the  mean  acoustic  fielef!  Because  the  two  arc  nonlinearly  related,  this  is  not  generally  true.  Recent  research 
lias  provided  tentative  answers  to  this  question  [7,8,9].  It  appears  that  appplication  of  the  PFP  should  be  lim¬ 
ited  to  cases  where  there  is  only  weak  turbulence,  and  the  receiver  is  not  in  a  shadow  zone  (i.e.,  not  reached  by 
any  geometric  rays).  This  is  because  the  primary  mechanism  by  which  acoustic  energy  reaches  a  receiver  in  a 
shadow  zone  appears  to  be  turbulent  scattering,  as  opposed  to  diffraction.  The  FFP  cannot  model  the  scattered 
component  of  the  acoustic  field. 

More  recently,  Gilbert  and  White  [10]  applied  parabolic  equation  (PE)  me  .lods  to  the  atmosphere.  Devel¬ 
opment  of  the  PE  for  ocean  acoustics  goes  back  to  Tappert  [11].  PE  calculations  are  somewhat  slower  than  the 
FFP,  but  have  the  important  advantage  of  being  applicable  to  non-horizontally-stratified  environments.  This  fact 
enabled  Gilbert  and  Raspet  [7]  to  model  propagation  through  atmospheric  turbulence. 

It  should  be  pointed  out  that  neither  the  FFP  nor  the  PE  correctly  models  refraction  by  wind  gradients. 
They  are  strictly  applicable  only  to  refraction  by  sound  speed  (temperature  or  humidity)  gradients.  In  order  to 
correctly  model  refraction  by  wind  gradients,  it  is  still  necessary  to  resort  to  ray-tracing  methods,  which  arc  strictly 
valid  oidy  at  high  frequency.  Incorporation  of  wind  velocity  fields  into  ray  tracing  is  discussed  by  Hallberg  [12] 
and  Pierce  [1-3]. 

The  new  numerical  propagation  models  promise  to  further  understanding  of  atmospheric  sound  propagation, 
and  improve  methods  for  predicting  environmental  noise.  But  without  adequate  methods  for  characterizing  the 
propagation  medium,  the  atmosphere,  even  the  best  propagation  models  will  yield  poor  results.  Modelling  of  the 
atmosphere  is  the  topic  of  the  next  section. 


ATMOSPHERIC  SIMILARITY  SCALING  AND  PROFILE  SHAPE 


Met.torological  models  for  the  surface-layer  profiles  of  wind  and  temperature  have  existed  for  some  time. 
(The  surface  layer  is  typically  10-100  m  high  on  a  clear  day.)  The  most  successful  models  use  similarity  scaling 
techniques,  based  on  threee  significant  parameters:  the  surface  Reynold’s  stress  r,  the  surface  heat  flux  Q,  and 
the  buoyancy  0  =  gl9„  where  g  is  gravitational  acceleration,  and  0,  is  the  surface  temperature.  From  these 
parameters,  representative  scales  for  velocity,  temperature,  and  length  can  be  developed.  One  choice  for  the 
velocity  scale,  called  the  friction  velocity,  is  u,  =  s/Tfp.  The  surface-layer  temperature  scale  is  proportional  to 
the  surface  heat  flux:  T.  =  —Q/u,.  The  surface-layer  length  scale,  usually  ca3-d  the  Monin-Obukhov  length,  is 
Lmo  =  -ul/0Q.  This  length  scale  represents  the  ratio  of  mechanical  to  buoyant  forces.  Monin  and  Obukhov  [14] 
suggested  that  the  statistics  of  the  atmospheric  surface  layer,  when  properly  normalized  by  u.,  T,,  and  z,  could 
be  written  as  universal  functions  of  a  normalized  height  (  =  z/Lmo-  The  mean  wind  and  temperature  gradients 
arc,  in  normalized  form, 

1  =  ^(0,  (1) 


,T..  ... 


(2) 


respectively,  where  is  the  surface-layer  momentum  function,  and  4>h  is  the  surface-layer  heat  flux  function. 
Over  the  past  few  decades,  much  experimental  effort  has  been  expended  to  determine  empirical  forms  for  the  <j>- 
functions.  By  far  the  most  commonly  used  forms  are  due  to  Businger  et  al.  [15]  and  Oyer  [16].  These  relationships 
(the  reader  is  referred  to  Panofsky  [17]  for  their  explicit  forms)  have  been  used  in  acoustical  applications,  by 
Klug  [18]  and  Wilson  [8],  among  others.  It  is  also  possible  to  scale  higher  order  statistics,  such  as  variances,  using 
the  above  scales. 

Figure  1  shows  mean  wind  and  temperature  profilos  calculated  using  the  Businger-Dycr  equations,  for  condi¬ 
tions  typical  of  a  clear,  sunny  day.  Also  shown  is  the  effective  sound  speed  profile,  defined  aactjj  =  ucosft-l-20i/d, 
where  « is  the  wind  speed,  a  is  the  angle  between  the  propagation  path  and  the  mean  wind,  and  6  is  the  tempera¬ 
ture  in  Kelvin.  In  the  downwind  direction,  the  mean  profile  structure  creates  a  waveguide  with  multipath  acoustic 
arrivals.  This  is  shown  in  Fig.  2,  for  a  source  and  receiver  separated  by  200  m.  The  effect  that  changing  the  height 
of  the  transducers  has  on  the  ray  turning  height  (the  maximum  height  attained  by  the  ray)  is  depicted.  The 
numbering  system  used  to  identify  the  ray  paths  has  the  form  “Afi",  where  ff  indicates  the  number  of  turning 
points,  and  the  postscript  sign  ±  indicates  the  number  of  ground  reflections.  A  “d-”  postscript  means  that  the  ray 
has  one  more  ground  reflection  than  turning  points;  a  means  that  the  ray  has  one  less  ground  reflection  than 
turning  points.  The  absence  of  a  postscript  indicates  that  the  number  of  turning  points  and  ground  reflections 
are  the  same. 

Large-scale  turbulence,  such  as  wind  gusts,  will  of  course  cause  the  profile  shapes  to  fluctuate  about  the 
mean.  As  a  result,  the  number  of  ray  paths  reaching  a  stationary  receiver  can  vary.  Figure  3  shows  some 
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experimental  results  which  may  exhibit  this  effect.  In  the  experiment,  a  source  and  receiver  were  placed  on  6 
m  towers,  separated  by  a  distance  of  about  200  m.  The  source  transmitted  a  signal  in  the  band  400-1000  Hz, 
with  duration  0.1  s.  Displayed  is  the  cross  correlation  of  the  transmitted  and  received  signals,  at  30  s  intervals. 
In  the  first  record,  there  appears  to  be  two  ray  paths:  a  direct  one  (1—),  arriving  first;  and  a  ground  reflected 
(0+),  which  has  a  lesser  intensity  due  to  absorption  by  the  ground.  The  second  record  suggests  the  presence  of 
more  than  one  ground-reflected  path.  The  third  record  has  a  structure  similar  to  the  first.  In  the  fourth  record, 
however,  only  one  path  (probably  1-)  is  evident.  We  observe  that  the  refractive  characteristics  of  the  atmosphere 
can  change  significantly  on  scales  as  short  as  1  min. 

IMPORTANCE  OF  LARGE  EDDIES 

While  the  discussion  in  the  previous  section  addressed  the  mean  structure  of  the  atmosphere,  it  also  demon¬ 
strated  the  significance  of  fluctuations.  Theoretical  and  experimental  characterization  of  sound  propagation 
through  atmospheric  turbulence  has  been  an  area  of  much  recent  activity  [19]-[24]. 

Wavefunction  phasor  diagrams  are  a  particularly  fundamental  graphical  depiction  of  scattering  [1].  These 
figures  display  samples  of  the  wavefunction  phasor,  defined  as  ^  =  p/{p)>  where  p  is  the  complex  acoustic  pressure, 
and  the  angle  brackets  represent  the  mean.  Inspection  of  a  wavefunction  phasor  diagram  allows  one  to  immediately 
characterize  the  propagation  regime  based  on  the  relative  importance  of  the  phase  and  amplitude  variances.  In 
the  geometric  acoustics  regime,  the  spatial  scale  of  the  turbulence  t  is  much  greater  than  the  wavelength,  so  that 
a  deterministic  ray  paths  continues  to  exist  as  coherent  entity.  Hence  phase  variance  dominates.  In  the  Rytov 
extension  regime,  the  wavelength  Is  larger  than  the  turbulence  scale,  so  that  amplitude  and  phase  variance  are  both 
evident.  In  full  saturation,  strong  turbulent  fluctuations  cause  deterministic  raypaths  to  split  into  a  number  of 
micropaths,  separated  by  distances  on  the  order  of  i.  The  statistics  are  incoherent.  Dashen  [25]  has  also  identified 
a  partial  saturation  regime,  where  the  micropaths  exist  separated  by  distances  smaller  than  t.  The  statistics  of 
the  amplitude  and  phase  fluctuations,  as  well  as  the  boundaries  between  the  regimes,  can  be  described  in  terms 
of  a  strength  parameter  $  and  a  diffraction  parameter  A  [Ij.  Figure  4  shows  numerically-simulated  wavefunction 
phasor  diagrams  for  the  various  fixed  values  of  $  and  A. 

Surprisingly,  researchers  have  not  yet  been  able  to  predict  the  regimes  characteristic  of  acoustic  propagation 
in  the  surface  layer.  For  example.  Fig.  5  compares  simulated  wavefunction  phasor  samples  with  results  from  an 
experiment  performed  by  Bass  ef  al.  [23].  The  simulation  made  use  of  Bass  et  al.’s  experimentally-determined 
meteorological  parameters,  including  their  values  of  f  =  15  m  and  index-of-refraction  variance  1.6  x  10"®.  The 
acoustic  frequency  was  62.5  Hz,  and  the  propagation  path  length  was  91  m.  These  values  lead  to  $  =  0.15  and  A  = 
0.71.  Note  that  the  simulated  wavefunction  samples  are  characteristic  of  the  geometric  acoustics  regime.  However, 
comparison  with  Fig.  5(a)  in  Bass  et  al.  reveals  that  the  measured  wavefunction  samples  were  characteristic  of 
the  Rytov  regime.  Phase  fluctuations  in  the  experimental  data  were  roughly  twice  as  strong  as  the  simulation, 
while  the  amplitude  fluctuations  were  stronger  by  an  order  of  magnitude.  There  is  a  difficulty  here  in  reconciling 
theory  and  experiment:  stronger  phase  fluctuations  would  result  from  using  a  larger  I,  whereas  stronger  amplitude 
fluctuations  would  result  from  using  a  smaller  t.  Hence  the  value  of  t  alone  cannot  be  adjusted  to  agree  with  the 
data.  Similar  discrepancies  occured  with  independent  measurements  made  by  this  author  [26]. 

Before  attempting  to  explain  the  actual  cause  of  this  discrepancy,  let  us  first  consider  the  question  of  what 
we  should  expect  a  realistic  length  scale  for  atmospheric  turbulence  to  be.  It  turns  out  that  there  is  drastic  dis¬ 
agreement  between  the  acoustics  and  atmospheric  science  communities  on  this  matter.  Most  previous  researchers 
in  the  acoustics  community  have  suggested  that  the  most  significant  eddies  arc  isotropic,  and  have  dimension  on 
the  order  of  the  height  from  the  ground,  z.  (This  would  be  1-10  m  for  most  problems  of  interest.)  It'is  well  known 
to  atmospheric  scientists,  however,  that  on  a  clear  day  the  most  energetic  eddies  will  have  dimensions  approaching 
the  boundary-layer  thickness  (100-1000  m),  z;. 

Wilson  [26]  provides  an  extensive  literature  review  of  the  meteorological  literature  on  this  matter,  coming 
to  the  conclusion  that  both  the  scales  z  and  z,  are  relevant  in  determining  turbulence  scales  near  the  ground. 
Measurements  of  horizontal  length  scales  a  few  meters  off  the  ground  are  typically  on  the  order  100  m  during  the 
daytime,  significantly  larger  than  Bass  et  al.’s  measurement.  Although  one  may  expect  vortex  stretching  to  make 
lengthen  the  eddies  in  the  direction  of  the  wi^^,  that  {process  alone  cannot  explain  why  the  horizontal  length  scale 
is  so  much  greater  than  z  near  the  ground.  Large,  boundary-layer  size  eddies  must  play  a  significant  role,  even 
very  near  the  ground. 

Atmospheric  turbulence  can  be  generated  either  by  shear  or  buoyancy  instabilities.  Hojstrup  [27,28]  has 
suggested  that  the  actual  turbulence  spectrum  consists  of  two  components,  a  low-frequency  spectrum  due  to 
buoyant  instabilities  and  the  resultant  large-eddy  field,  and  a  high-frequency  spectrum  due  to  shear  instabilities. 
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The  former  scales  with  2,-;  the  latter  with  z.  An  implication  of  this  hypothesis  is  that  the  integral  length  scale 
also  consists  of  a  sum  of  low-  and  high-frequency  parts  (denoted  here  by  “L”  and  “it,”  respectively): 

^  ~  +  (i2  (3) 

where  is  the  total  variance,  It  ~  zt,  and  tu  ~  z. 

Most  of  the  previous  acoustical  literature  [20,22,23,24]  has  focused  on  the  importance  of  the  high-frequency 
structure.  However,  some  authors  have  suggested  the  importance  of  boundary-layer-scale  turbulence  in  acoustic 
propagation  [32,33,34,26].  If  boundary-layer  size  eddies  indeed  play  a  significant  role,  the  Implications  for  propa¬ 
gation  modelling  are  fundamental.  Since  the  large  eddies  tend  to  have  their  center  at  the  middle  of  the  boundary 
layer,  assumptions  of  homogeneity  in  eddy  field  become  invalid.  The  effect  of  the  ground  on  the  eddy  field  cannot 
be  neglected.  These  considerations  led  Wilson  to  develop  a  new  model  based  on  fluctuating  curvature  in  the 
sound  speed  profile  [26,35].  Predictions  from  the  model  are  quite  similar  to  classical  scattering  theory,  except 
that  the  vertical  scale  of  the  tubulence  is  characterized  by  z,  whereas  large  eddies  dominate  the  horizontal  scale. 
The  agreement  between  the  model  and  existing  experimental  results  is  much  better  than  if  one  uses  z-  or  z, -scale 
turbulence  alone  in  an  isotropic  scattering  model  [26]. 

Computer  simulations  of  large-scale  boundary-layer  turbulence,  called  large-eddy  simulations  (LES),  have 
advanced  considerably  during  the  past  decade.  Such  turbulence  simulations  may  be  very  useful  when  used  in 
conjunction  with  acoustic  propagation  models.  C.-H.  Moeng  of  the  National  Center  for  Atmospheric  Research 
(NCAR)  kindly  provided  the  author  with  output  from  her  state-of-the-art  LES  [29,30].  Moeng’s  LES  was  then 
used  in  conjunction  with  a  ray-tracing  code  which  could  accomodate  three-dimensional  atmospheric  structure  [31]. 
It  would  be  even  better  to  use  PE  methods  (discussed  in  Section  2)  in  conjunction  with  the  LES  fields.  From  the 
standpoint  of  acoustic  studies,  one  limitation  of  the  LES  is  its  20  m  vertical  resolution.  In  its  present  form,  LES 
does  not  capture  the  near-surface  structure  well. 

ACOUSTIC  TOMOGRAPHY 

The  sensitivity  of  acoustic  waves  to  atmospheric  structure  motivates  consideration  of  acoustic  techniques  for 
probing  the  atmosphere.  Wilson  [26]  has  used  tomographic  methods  to  reconstruct  atmospheric  turbulence  fields 
from  acoustic  transmissions.  The  bcisic  idea  is  quite  simple:  one  measures  the  time  required  for  acoustic  bursts 
to  propagate  between  a  number  of  sources  and  receivers.  Since  the  travel  time  depends  upon  wind  speed  and 
temperature,  information  on  the  atmospheric  fields  is  thus  obtained. 

Figure  6  shows  the  layout  of  the  tomographic  array.  Implemented  at  the  R.  E.  Larson  Agricultural  Research 
Center  at  Rock  Springs,  PA.  In  the  basic  horizontal  coniguration,  there  are  three  sources  and  five  receivers,  at  6 
m  height,  providing  a  total  of  15  ray  paths.  The  dimensions  of  the  array  are  approximately  200  m  square.  The 
reader  is  referred  to  Ref.  [26]  for  more  aetails  of  the  experiment.  That  reference  also  explains  the  procedure  for 
inverting  the  acoustic  travel  times  to  obtain  the  atmospheric  fields. 

Figure  7  shows  an  example  field  reconstruction.  The  dark  area  on  the  middle  left  of  the  figure  is  a  region  of 
cold  air.  In  the  lower  right  is  a  warm  region.  Arrows  indicate  wind  speed  and  direction. 

SYSTEM  ATTRACTOR  CHARACTERIZATON 

An  extensive  program  of  low-frequency  acoustic  measurements  was  recently  completed  by  the  author,  Edward 
Maniet,  and  Dennis  W.  Thomson  of  Penn  State.  These  data  were  also  at  Rock  Springs,  PA.  Most  of  the  data  sets 
consist  of  one-minute  averages,  recorded  continuously  over  periods  lasting  from  three  to  seven  days.  Measurements 
were  made  during  fall,  winter,  and  summer  conditions.  The  propagated  frequencies  were  28  Hz,  and  the  first  three 
harmonics  thereof.  Typically  there  were  two  receivers,  at  heights  of  2  and  6  m,  separated  by  a  horizontal  distance 
of  770  m  from  the  source.  Additional  micrometeorological  measurements  of  the  turbulent  momentum,  heat,  and 
moisture  fluxes  were  made  adjacent  to  the  path,  and  a  Doppler  sodar  was  used  to  monitor  the  boundary-layer 
wind  profile.  Figure  8  shows  a  characteristic  record  for  the  signal  variation  over  the  course  of  a  day.  The  level  of 
the  signal  tends  to  be  elevated  at  night,  presumably  because  of  temperature  inversions. 

Harry  Henderson  of  Pe-.in  State  has  studied  the  system  attractor  dynamics  of  a  portion  of  our  data  set.  The 
attractor  was  found  to  have  a  dimension  of  about  2.3.  This  value  is  somewhat  lower  than  that  computed  for 
other  atmospheric  data  sets,  presumably  because  of  the  spatial  and  temporal  averaging  inherent  to  the  acoustic 
measurement.  The  effect  of  such  averaging  is  now  being  studied. 

Reconstruction  of  the  dynamical  phase  space  revealed  that  most  of  the  measurements  fell  within  a  small 
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possible  the  construction  of  filters  which  are  based  on  the  dynamics  of  the  signal  and  noise,  rather  than  spectral 
characteristics. 

ACKNOWLEDGEMENTS 

Many  of  the  ideas  in  this  paper  originated  during  the  author’s  work  as  a  graduate  student  at  Penn  State. 
The  author  is  particularly  indebted  to  his  thesis  advisor,  Dennis  W..  Thomson. 

Financial  support  for  this  research  was  provided  by  the  Office  of  Naval  Research  (Grant  N00014-86-K- 06880), 
and  the  U.  S.  Army  Atmospheric  Sciences  Laboratory  (Grant  N00039-88-C-0051).  The  support  and  encouragement 
offered  by  Dr.  Robert  Olsen  of  ASL  was  particularly  appreciated. 

REFERENCES 

(1]  S.  M.  Flattd  (ed.),  R.  Dashen,  W.  H.  Munk,  K.  M.  Watson,  and  F.  Zachariasen,  Sound  lYansmission  through 
a  Fluctuating  Ocean  (Cambridge  University  Press,  Cambridge,  1979). 

(2]  R.  Raspet,  S.  W.,  Lee,  E  Kuester,  D.,  C.  Chang,  W.  F.  Richards,  R.  Gilbert,  and  N.,  Bong,  “A  fast-field 
program  for  sound  propagation  in  a  layered  atmosphere  above  an  impedance  ground,”  J.  Acoust.  Soc.  Am. 
77,  345-352  (1985). 

(3]  F.  R.  DiNapoli  and  R.  L.  Deavenport,  “Theoretical  and  numerical  Green’s  function  field  solution  in  a  plane 
multilayered  medium,”  J.  Acoust.  Soc.  Am.  67,  92-105  (1980). 

(4]  S.  W.  Lee,  N.  Bong,  W.  F.  Richards,  and  R.  Raspet,  “Impedance  formulation  of  the  fast  field  program  for 
acoustic  wave  propagation  in  the  atmosphere,”  J.,  Acoust.  Soc.  Am.  70,  628-634  (1986). 

(5]  S.  J.  Franke,  R.  Raspet,  and  C.  H.  Liu,  “Numerical  predictions  of  atmospheric  sound-pressure  levels  in  shadow 
zones,”  J.  Acoust.  Soc.  Am.  83,  816-820  (1988). 

(6]  D.  K.  Wilson,  “Use  of  wave-number-domain  windows  in  fast  field  programs,”  J..  Acoust.  Soc.  Am.  80, 448-450 
(1990). 

(7]  K.  E.  Gilbert  and  R.  Raspet,  “Calculation  of  turbulence  effects  in  an  upward  refracting  atmosphere,”  J. 
Acoust.  Soc..  Am.  67,  92-105  (1980). 

(8]  D.  K.  Wilson  and  D.  W.  Thomson,  “Comparison  of  FFP  predictions  with  measurements  of  a  low  frequency 
ticoustic  signal  propagated  in  the  atmosphere,”  in  Proceedings  of  the  Fourth  International  Symposium  on 
Long-Range  Sound  Propagation,  .WASA  Conference  Publication  3101  (Hampton,  VA,  1990),  pp.  187-200. 

(9]  R.  K.  Brienzo,  “Effect  of  wind  and  temperature  gradients  on  received  acoustic  energy,”  in  Proceedings  of 
the  Fourth  International  Symposium  on  Long-Range  Sound  Propagation,  NASA  Conference  Publication  3101 
(Hampton,  VA,  1990),  pp.  165-185. 

[10]  K.  E.  Gilbert  and  M.  J.  White,  “Application  of  the  parabolic  equation  to  sound  propagation  in  a  refracting 
atmosphere,”  J..  Acoust.  Soc.  Am.  85,  630-637  (1989). 

[11]  F.  D.  Tappert,  “The  Parabolic  Approximation  Method,”  in  Wave  Propagation  and  Underwater  Acoustics,  J. 
Keller  and  J.  S.  Papadakis,  eds..  Lecture  Notes  in  Physics,  Vol.  70  (Springer- Verlag,  Heidelberg,  1977). 

[12]  B.  Hallberg,  C.  Larsson,  and  S.  Israelsson,  “Numerical  ray  tracing  in  the  atmospheric  surface  layer,”  J. 
Acoust.  Soc.  Am.  83,  2059-2068. 

[13]  A.  D.  Pierce,  “Wave  equation  for  sound  in  fluids  with  unsteady  inhomogeneous  flow,”  J.  Acoust.  Soc.  Am. 
87,  2292-2299. 

[14]  A.  S.  Monin  and  A.  M.  Obukhov,  “Basic  laws  of  turbulent  mixing  in  the  ground  layer  of  the  atmosphere," 
Tr.  Akad.  Nauk.,  SSSR  Ceophiz.  Inst.  161,  1963-1987  (1954). 

[15]  J.  A.  Businger,  J.  C.  Wyngaard,  Y.  Izumi,  and  E.  F.  Bradley.  “Flux  profile  relationships  in  the  atmospheric 
surface  layer,”  J.  Atmos.  Sci.  28,  181-189  (1971). 


1281 


[17]  H.  A.  Panofsky  and  J.  A.  Dutton,  Atmospheric  Tarhulence:  Models  and  Methods  for  Engineering  Applications 
(Wiley  &  Sons,  New  York,  1984). 

[18]  H.  Klug,  “Sound-speed  profiles  determined  from  outdoor  sound  propagation  measurements,"  J.  Acoust.  Soc. 
Am.  90,  475-481  (1991). 

[19]  G.  A.  Daigle,  “Correlation  of  the  phase  and  amplitude  fluctuations  between  direct  and  ground-reflected 
sound,”  J.  Acoust.  Soc.  Am.  68,  297-302  (1980). 

[20]  G.  A.  Daigle,  J.  E.  Piercy,  and  T.  F.  W.  Embleton,  “Line-of-sight  propagation  through  atmospheric  turbulence 
near  the  ground,”  J.  Acoust.  Soc.  Am.  74,  1505-1513  (1983). 

[21]  S.  F.  Clifford  and  R.  J.  Lataltis,  “Turbulence  effects  on  acoustic  wave  propagation  over  a  smooth  surface,” 
J.  Acoust.  Soc.  Am.  73,  1545-1550  (1983). 

[22]  M.  A.  Johnson,  R.  Raspet,  and  M.  T.  Bobak,  “A  turbulence  model  for  sound  propagation  from  an  elevated 
source  above  level  ground,”  J.  Acoust.  Soc.  Am.  81,  638-646  (1987). 

[23]  H.  E.  Bass,  L.  N.  Bolen,  R.  Raspet,  W.  E.  McBride,  and  J.  Noble,  “Acoustic  propagation  through  a  turbulent 
atmosphere:  Experimental  characterization,”  J.  Acoust.  Soc.  Am.  00,  3307-3313  (1991). 

[24]  W.  E.  McBride,  H.  E.  Bass,  R.  Raspet,  and  K.  E.  Gilbert,  “Scattering  of  sound  by  atmospheric  turbulence; 
A  numerical  simulation  above  a  complex  impedance  boundary,”  J.  Acoust.  Soc.  Am.  60,  3314-3325  (1991). 

[25]  R.  Dashen,  “Path  integrals  for  waves  in  random  media,”  J.  Math.  Phys.  20,  894-920  (1979). 

[26]  D.  K.  Wilson,  Acoustic  Tomographic  Monitoring  of  the  Atmospheric  Boundary  Layer,  Ph.D.  Dissertation  in 
Acoustics,  Pennsylvania  State  University  (University  Park,  Pennsylvania  1992). 

[27]  J.  Hojstrup,  “A  simple  model  for  the  adjustment  of  velocity  spectra  in  unstable  conditions  downstream  of  an 
abrupt  change  in  roughness  and  heat  flux,”  Bound.  Layer  Meteor.  21,  341-356  (1981). 

[28]  J.  Hojstrup,  “Velocity  spectra  in  the  unstable  boundary  layer,”  J.  Atmos.  Sci.  39,  2239-2248  (1982). 

[29]  C.-H.  Moeng,  “A  large-eddy  simulation  model  for  the  study  of  boundary-layer  turbulence,”  J.  Atmos.  Sci. 
41,  2052-2062  (1984). 

[30]  C.-H.  Moeng  and  J.  C.  Wyngaard,  “Spectral  analysis  of  large-eddy  simulations  of  the  convective  boundary 
layer,”  J.  Atmos.  Sci.  44,  3573-3587  (1988). 

[31]  D.  K.  Wilson,  “Numerical  studies  of  sound  propagation  in  the  atmospheric  convective  boundary  layer  using 
a  large-eddy  simulation,”  in  Proceedings  of  NOISE-CON  91  (Tarrytown,  NY,  1991),  pp.  189-196. 

[32]  C.  I.  Chessel,  “Observations  of  the  effects  of  atmospheric  turbulence  on  low-frequency  sound  propagation,” 
J.  Acoust.  Soc.  Am.  60,  29-33  (1976). 

[33]  S.  D.  Roth,  Acoustic  Propagation  in  the  Surface  Layer  under  Convectively  Unstable  Conditions,  Ph.D.  Dis¬ 
sertation  in  Acoustics,  Pennsylvania  State  University  (University  Park,  Pennsylvania,  1983). 

[34]  J.  M.  Noble,  Sound  Field  Fluctuations  due  to  Large  Scale  Wind  Driven  Turbulence,  Ph.D.  Dissertation  in 
Physics,  The  University  of  Mississippi  (University,  Mississippi,  1989). 

[35]  D.  K.  Wilson,  Propagation  through  Anisotropic  Atmospheric  Turbulence,  submitted  to  J.  Acoust.  Soc.  Am. 


1282 


turning  height  (m) 


source-receiver  height  (m) 

Figure  2  Ray  multipath  structure  for  downwind  prop¬ 
agation  ill  a  convective  surface  layer.  The  source  and 
receiver  are  separated  by  a  horizontal  distance  of  200 
m.  See  the  text  for  an  explanation  ray  identification 


Figure  3:  Cross  correlation  of  transmitted  and  received 
acoustic  signals.  The  transducers  tire  at  a  height  of  6 
m,  and  separted  horizontally  by  200  m.  The  horizon¬ 
tal  axis  is  time,  spanning  24  ms.  The  vertical  axis  is 
amplitude  in  uncalibrated  units. 
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Figure  8.  Recorded  transmission  loss  fluctuations  in  a  27.7  Hz  signal,  as  recorded  on  10  March  1989. 
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Figure  4:  Simulated  wavefunction  phasor  samples  as  a 
function  of  the  strength-diffraction  regime.  Upper  left: 
Geometric  acoustics  case,  with  4  =  2  and  A  =  0.1. 
Lower  left:  Geometric  acoustics  case,  with  4  =  0.5 
and  A  =  0.5.  Lower  right :  Rytov  extension  case,  with 
4  =  0.5  and  A  =  2.  Upper  right:  Fully  saturated 
case,  with  4  =  2  and  A  =  2  The  probability  density 
functions  were  assumed  to  be  Gaussian.  One  hundred 
random  samples  are  shown. 


Figure  5.  Simulated  wavefunction  phasor  samples  for 
the  experiment  of  Bass  e<  of.  The  closed  curve  would 
roughly  enclose  most  of  the  actual  experimental  data 
(Sec  Ref.  23.) 
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Figure  7.  Tomographic  reconstructions  of  the  atmo¬ 
spheric  temperature  and  wind  velocity  fields,  in  a 
200  X  200  m  horizontal  plane. 


Figure  6:  Tomographic  array  implemented  at  Rock 
Springs,  PA. 
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ABSTRACT 

This  paper  presents  the  answer  to  a  question  "is  it  possibie  to  get  more  attenuation  by 
thin  barrier  with  certain  special  treatments  than  that  by  commonly  used  thin  barrier?". 
The  answer  is  "possible".  There  are  some  possibilities  to  make  acoustical  treatments,  for 
example,  to  cover  barrier  surface  with  absorbing  materials,  to  cover  it  with  a  lot  of  one 
quarter  wave  length  acoustic  tubes,  to  install  hard,  absorptive  or  soft  cylinder  at  barrier 
edge.  In  this  study  the  efficiencies  of  these  acoustical  treatments  are  numerically  and 
experimentally  examined. 

1.  INTRODUCTION 

It  is  common  to  build  a  barrier  for  reducing  the  noise  from  motor  way,  rail  road, 
factory,  etc.,  and  for  such  purpose  noise  barriers  with  absorbing  material  on  the  surfaces 
are  currently  used.  To  improve  the  efficiency  of  the  barriers,  it  would  be  simple  to  make 
the  barriers  higher,  but  there  is  a  limit  to  barrier  height  because  of  factors  such  as  cost, 
shadow  cast  by  the  barriers,  and  blocking  sight.  The  aim  of  this  paper  is  to  show  how  we 
can  get  more  reduction  by  new  types  of  thin  barriers  than  by  commonly  used  thin 
barriers.  In  this  study  a  barrier  with  absorptive  surface,  a  barrier  with  soft  surface  and 
barriers  with  hard,  absorptive  and  soft  round  edge  will  be  treated.  Their  cross-sections 
are  shown  in  Fig.l.  And  general  positions  of  a  source,  a  receiving  point  and  barriers  are 
shown  in  Fig. 2,  and  some  parameters  also  in  Fig. 2. 

2.  EXCESS  ATTENUATION  BY  THIN  HARD  BARRIER 

A  thin  hard  barrier  is  shown  in  Fig. 1(a),  the  excess  attenuation  by  this  type  of  barrier 
is  given  by  well  known  Maekawa’s  chart  [1|  and  numerically  calculated  by  Eq.(l).  This 
equation  was  recently  derived  by  the  theoretical  analysis  [2j.  The  comparison  between 
Maekawa’s  chart  and  the  new  numerical  formula  is  shown  in  Fig. 3.  Dashed  curve  show 
Maekawa’s  chart  and  solid  curve  the  numerical  result  by  Eq.(l).  Many  points  show  the 
rigorous  numerical  results  by  the  diffraction  solution  for  the  same  conditions  as  Maekawa’s 
experiments.  The  excess  attenuation  is  here  define  by  a  term  nlATTji.o  and  lot  it  be  ttie 
basic  value  of  this  study. 

nOlog{N)  +  12  2  g  N 

»(ATT),.„=]  5  ±  9sinh-‘(  |  N  I  -0.3  5  N  <  2  (dii)  (1) 

I  0  N  <  -0.3 

3.  EXCESS  ATTENUATION  BY  BARRIER  WITH  ABSORPTIVE  SURFACE 

The  excess  attenuation  by  a  barrier  with  absorptive  surface  is  approximately  obtained 
by  the  diffraction  .solution  for  tlie  hard  barrier,  who.sn  second  term  is  multiplied  by  the 
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Fig.l  Cross-sections  of  different  types  of 
thin  barriers  with  special  treatments 


Fig. 2  Oeonietry  of  barrier, 
sound  source  and  receiving 
point 


reflection  coefficient  of  the  surface  [3],  and  when  the  surface  is  perfectly  absorptive  it  is 
given  by  a  half  of  the  sum  of  solutions  for  hard  barrier  and  soft  one  [4].  We  can  get  a  little 
more  excess  attenuation  by  this  type  of  barrier  than  ofATTJho.  The  effect  of  absorption  of 
barrier  surface  is  defined  by 


otEAl  =  »(ATT],„  -  ,(ATT)no  (dB)  (2) 

where  »fATT].o  is  the  excess  attenuation  by  an  absorptive  barrier..  The  values  of  the  effect 
of  absorption  »(EA]  are  shown  in  Fig.4  as  a  function  of  the  diffraction  angle  gamma  shown 
in  Fig. 2.  The  parameter  Q  is  the  vaiuc  of  the  sound  reflection  coefficient  of  the  surface. 
When  the  barrier  is  perfectly  absorptive,  the  effect  of  absorption  is  4  to  5dB  in  the  range 
of  gamma  60"  to  90°.  This  type  of  barrier  is  ea«i!y  realized  by  covering  the  barrier  surface 
with  thin  absorbing  material  as  shown  in  Fig.  1(b)  and  nowadays  it  is  widely  used.  But  the 
effect  of  absorption  is  not  expected  quantitatively  at  noise  barrier  designing  and  only  the 
existence  of  the  effect  is  expected. 


Fig. 3  Excess  attenuation  by  a  thin  barrier 
as  a  function  of  Fresnci  Number  N 


Fig.4  Eft ’cts  of  absorptive  and 
soft  surface  as  a  function  of 
the  diffraction  angle  gamma 


4.  EXCESS  ATTENUATION  BY  BARRIER  WITH  SOFT  SURFACE 

When  the  sound  reflection  coefficient  of  the  barrier  surface  Q  is  -1,  that  is  the  case  of 
soft  barrier,  the  energy  reflection  coefficient  is  1  and  this  means  perfectly  reflective.  But 
the  effect  of  soft  surface  is  very  great  as  shown  by  dashed  curve  in  Fig.4.  This  effect  is 
nearly  double  of  that  of  perfectly  absorbent  barrier.  In  this  case  the  effect  of  soft  surface 
is  defined  by 


»[ES]  =  „[ATT1„„  -  „IATT1,.„  (dB)  (3) 

where  »(ATT]b„  is  the  excess  attenuation  by  a  barrier  with  soft  surface  (5).  The  rcaiization 
of  this  type  of  barrier  is  not  so  easy.  Recently  I  li.ive  tried  to  realize  the  soft  barrier 
surface  by  covering  the  surface  with  the  array  of  one  quarter  wave  length  acoustic  tubes. 
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It  is  well  known  that  the  effect  of  thickness  of  barrier  is  quite  a  littie  when  the  thickness 
is  iess  than  haif  a  wave  length  [6].  Then  the  barrier  covered  by  these  tubes  at  both  sides 
and  those  openings  are  covered  by  thin  hard  piates  is  approximately  comparable  to  thin 
barrier.  But  the  surface  covered  by  acoustic  tubes  can  reflect  the  incident  sound  just 
180°  out  of  phase,  that  is  the  reflection  coefficient  of  this  surface  is  -1.  The  measured 
results  are  shown  in  Figs.5  and  6.  The  test  barrier  was  designed  for  5kHz  and  the 
cross-section  is  shown  in  Fig.  1(c)  and  the  detail  is  show  in  Fig. 7.  The  measurements  were 
performed  in  the  anechoic  chamber  for  some  different  conditions.  In  Fig. 5  the  distributions 
of  the  effect  of  soft  surface  behind  the  barrier  are  shown.  In  the  left  it  shows  the 
predicted  contour  and  m  the  right  the  measured.  There  is  about  odB  diffei  ance.  In  Fig.6 
the  effect  of  soft  surface  is  plotted  as  a  function  of  frequency.  Dashed  curve  shows  the 
predicted  value,  and  black  and  open  circles  show  the  measured  values  in  the  cases  when 
both  sides  and  only  source  side  were  covered  by  acoustic  tubes  respectively.  Locations  of 
source  and  receivers  are  shown  in  Fig.8.  Although  there  are  some  differences  between 
predicted  and  measured  values,  the  frequency  responses  are  similar.  In  the  calculation  of 
these  values  the  second  term  of  diffraction  solution  was  multiplied  by  the  reflection 
coefficient 

_  1  -  jeos  6  tcot(kd)  ... 

^  ”  1  +  Jeos  6  icot(kd) 

where  0  is  the  incident  angle,  d  is  the  depth  of  acoustic  tube  and  k  is  wave  number. 


Fig.5  Contours  of  predicted  and  measured  (ES)  in  the  case  of  5kHz 


SOci 


70CI 


Fig.8  Location  of  source  and  receivers 


Fig.6  Comparisons  of  measured  and  predicted  values  of  (ESI  as  a  function  of  frequency 
»  '  •  :  measured  (both  sides  arc  soft),  0—0  •  measured  (source  side  is 

soft  and  receiver  side  is  hard),  — •  :  predicted  (both  sides  arc  soft) 
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5.  EXCESS  ATTENUATION  BY  BARRIER  WITH  HARD  CYLINDER  AT  THE  EDGE 

The  barrier  with  any  obstacie  at  the  edge  can  reduce  the  sound  more  than  the 
commonly  used  thin  barrier  can.  In  this  study  the  cylinders  with  different  acoustic 
reflection  characteristics  arc  seiccted  as  the  obstacles  because  of  the  simplicity  and  the 
practicality.  When  the  cyiinder  is  very  hard,  the  solution  of  the  diffraction  fieid  has 
been  already  obtained  by  Keiler  (7)  and  using  this  solution  the  effect  of  hard  cyiinder  is 
defined  by 


c[EHC|  =  .(ATTlhc  -  clATTjho  (dB)  (5) 


where  c(ATT]hc  is  of  course  the  attenuation  by  barrier  with  hard  cylinder  at  the  edge. 
The  suffix  c  at  the  left  side  of  variables  means  the  incident  sound  is  generated  from  the 
cylindrical  line  source.  But  in  this  study  all  effects  predicted  in  two  dimensional  sound 
field  are  cissumed  to  be  equal  to  that  predicted  in  three  dimensionai  sound  field,  that  is  in 
the  fieid  of  spherical  sound  wave  incidence. 

One  of  the  numerical  results  is  shown  by  dotted  curve  in  Fig. 9.  The  geometry  for 
calculation  is  also  shown  in  Fig. 9.  The  value  of  dEHC)  is  not  so  great,  less  than  .'IdB  and 
sometimes  it  is  minus  value.  Some  measured  values  are  shown  in  Fig. 10  as  a  function  of  the 
relative  size  of  cylinder  ka,  where  "a"  is  the  radius  of  cylinder.  The  cross-section  of  the 
barrier  is  shown  in  Fig. 1(d).  The  distance  of  source  from  the  edge  was  40cm  and  the 
distance  of  receiving  point  from  the  edge  was  60cm.  Measured  and  predicted  values  are 
in  fairiy  good  agreement  except  for  some  cases.  Speciaily  when  the  diameter  is  half  a 
wave  length  the  effect  of  hard  cylinder  is  very  large. 


Fig.9  Comparison  of  numerically 
obtained  effects  of  cylinder  for 
different  reflection  characteristics 


Fig. 10  Comparison  of  measured  and 
predicted  effects  of  hard  cylinder 


6.  EXCESS  ATTENUATION  BY  BARRIER  WITH  ABSORPTIVE  CYLINDER  AT  THE  EDGE 

When  a  barrier  has  an  absorptive  cylinder  at  the  edge,  the  attenuation  by  this  barrier 
may  be  lager  than  that  by  the  barrier  with  hard  cylinder.  The  solution  of  diffraction  field 
by  this  type  of  barrier  may  be  obUincd  by  the  same  procedure  in  the  case  of  thin  h.ar  .or 
mentioned  above.  The  solution  by  the  barrier  with  soft  cylinder  at  the  edge  has  been  also 
obtained  by  Keller  |7|.  The  effect  of  absorptive  cylinder  is  defined  by 

-JEACl  -  r|ATT|„,-c|ATT)h„  (dB)  (6) 

where  c(ATT|,,  is  the  excess  allenuatiori  by  the  barrier  with  absorptive  cylinder  at  the 
edge.  One  of  the  numerical  results  is  shown  by  solid  curve  in  Fig. 9.  The  realization  of  this 
barrier  is  not  no  difficult  and  the  cross-scction  of  the  barrier  may  be  that  shown  in 
Fig. 1(c). 

One  example  of  this  typo  of  barrier  has  been  really  produced  for  practical  use  |8  and  9). 
Real  construction  is  shown  in  Fig. 11.  The  effect  of  absorptive  cylinder  was  measured  by 
the  existing  express  way.  The  one  of  results  is  shown  in  Fig. 12.  This  figure  shows  the 
difference  between  the  sound  pressure  levels  measured  before  and  after  setting  the 
absorptive  cylinder  at  barrier  edge.  And  the  sound  pressure  levels  were  measured  for  5 
to  V  nights  and  averaged..  The  effect  of  ab.sorptlve  cylinder  is  roughly  2  to  3  dB.  The 
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diameter  is  one  wave  length,  the  effect  is  about  18dB.  But  from  the  practical  point  of  view 
we  will  have  some  problems  to  realize  this  type  of  barrier.  One  idea  is  that  the 
cross-section  of  such  barrier  might  be  that  shown  in  Fig. 1(f),  that  is  to  cover  a  cylinder 
with  one  quarter  wave  length  acoustic  tubes. 


8.  CONCLUSIONS 

The  aim  of  this  paper  was  to  show  whether  it  is  possible  to  get  more  attenuation  than 
that  obtained  by  commonly  used  thin  barrier.  The  answer  is  in  some  sense  "possible”  as 
shown  above.  One  type  of  barrier  is  effective  for  all  frequency  band,  but  the  effect  is  not 
so  large.  On  the  other  hand,  the  effect  of  another  type  of  barrier  is  very  large,  but  the 
barrier  effect  is  very  frequency  dependent.  At  the  end  of  this  paper  we  can  say  that 
much  more  effort  is  needed  to  invent  a  new  type  of  barrier  by  which  we  can  get  more 
e.xcess  attenuation  because  of  the  requirements  from  the  engineers. 
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ABSTRACT 

Sound  power  determination  by  intensity  measurements  using  manual  scanning  has  become 
an  attractive  method,  but  for  setting  up  a  standard  some  more  evidence  is  needed  to  relate  the 
precision  of  the  result  to  the  measurement  parameters.  For  this  reason  systematic 
measurements  have  been  carried  out  and  the  influence  of  several  parameters  such  as 
measurement  distance,  scanning  speed,  path  configuration  has  been  analysed,  in  comparison 
with  point  measurements,  in  order  to  select  appropriate  ranges  for  these  parameters. 


INTRODUCnON 

Since  the  apparition  of  intensity  techniques  some  15  years  ago,  sound  power  determination  by 
intensity  measurements  has  been  a  matter  of  standardisation  at  national  and  international 
levels.  Recently  ISO  has  finalised  a  document  [1]  describing  a  procedure  based  on 
measurements  at  discrete  points.  This  document  has  raised  some  criticism,  mainly  because  of 
the  indicators  which  have  to  be  used  for  checking  the  precision  of  measurements. 

Another  method,  based  on  continuous  scanning  of  intensity,  is  actually  discussed  in 
standardisation.  Many  peoples  have  already  used  it  successfully  and  the  method  seems  to  be 
more  attractive  than  point  measurements,  because  its  application  is  much  faster. 
Consequently  it  reduces  some  problems  such  as  sound  field  fluctuation  (source  under  test  and 
extraneous  noise)  and  last  but  not  least  the  cost  of  the  sound  power  determination.  The  main 
problem  for  standardisation  is  actually  a  lack  of  knowledge  of  its  precision  and  of  the 
appropriate  way  to  obtain  a  wanted  degree  of  precision.  Since  very  few  studies  are  published 
(for  ex.  [2]  to  [5])  we  have  carried  out  systematic  measurements  in  order  to  get  sufficiant  data 
for  analysing  the  influence  of  parameters  such  as  measurement  distance,  scanning  speed,  path 
length  and  scanning  pattern,  scanning  time,  presence  of  extraneous  noise  etc. 


'  on  leave  from  Dept,  of  Phys.,  Techn.  Univ.  Prague 
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EXPERIMENTAL  SET  UP  AND  TEST  PROGRAM 


Acoustic  Environment : 

Free  field  in  front  of  reflecting  plane  as  shown  in  figure  1  and  excited  by  time-stationary  white 
noise  in  the  frequency  band  100  Hz  -  5000  Hz. 

Measurement  Siuface : 

Area  of  1  m  x  1  m  parallel  to  the  reflecting  plane,  distances  between  measurement  surface  and 
reflecting  plane  d  =  0.10  m ,  0.20  m,  0.40  m. 


Scanning  Path : 

Four  parallel  (horizontal  and  /  or  vertical)  lines  turning  at  each  edge,  each  of  them  is 
subdivided  to  four  elements  with  length  Iq  =  0.25  m  as  shown  in  figure  2.  Additional 
measurements  have  been  made  with  a  doubled  line  density. 

Spatial  Sampling ; 

-  Scanning  method 

•  1  complete  trajectory  16  x  Iq  =  4  m 

•  4  lines  4  x  Iq  =  Im 

•  4  X  4  elementary  lines  Iq  =  0.25  m 

-  Measurement  at  discrete  points 

•  16  points  uniformly  distributed  (4  x  4),  as  shown  in  figure  2 

•  64  points  uniformly  distributed  (8  x  8) 

Scanning  Speed : 

•  0.85  ms"'  which  corresponds  to  4.7  s  scanning  time 

•  0.43  ms"^  which  corresponds  to  9.5  s  scanning  time 

•  0.21  ms'^  which  corresponds  to  19  s  scanning  time 

•  0.11  ms"’  which  corresponds  to  37.5  s  scanning  time 

•  0.05  ms"’  which  corresponds  to  75  s  scanning  time 

(depends  on  sampling  frequency  of  analyser) 

Measured  Quantities : 

Lp,  Li  -  for  both  scanning  and  discrete  point  measurements 

Calculated  Quantities  (As  Defined  By  ISO) : 

F2,  F3  -  for  both  methods 

F4  -  for  sets  of  elementary  lines  and  discrete  points 

W 

Extraneous  Noise : 

A  reference  sound  source  producing  white  noise  is  placed  as  near  as  possible  to  the  reflecting 
plane.  Source  of  extraneous  noise  is  adjusted  by  following  choice  : 

•  Lp^cent.  =  J;;^p,l6, 

•  Lp,cent.  =  L  p^]g  +  3  dB, 

where  Lp^cent.  's  sound  pressure  level  in  the  miadle  of  the  measurement  surface  due  to 
extraneous  source  only  and  L  p^jg  is  mean  sound  pressure  level  calculated  from  16  points 
measurement  without  extraneous  noise. 
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Instrumentation : 

FFT  -  intensity  meter  composed  of 

-  two-channel  real  time  analyser  HP  3582  A 

-  desk  computer  HP  9826 

-  intensity  probe  made  by  two  microphones  (B  &  K  4165) 
and  preamplifiers  (B  &  K  2639) 

-  power  supply  (B  &  K  2807) 

-  intensity  software  CETIM-INTAC 


RESULTS 

Only  a  small  part  of  the  results  can  be  presented  here  and  we  will  merely  highlight  the 
influence  of  the  dominant  parameters  which  are  measurement  distance,  scanning  speed  and 
scan  pattern. 

Measurement  Distance 

The  sound  powers  determined  by  point  measurements  and  by  horizontal  scanning  under 
differents  conditions  are  given  in  table  1  (1/3  oct.  500  Hz)  and  table  2  (1/3  oct.  4  kHz).  The 
values  for  scanning  indicate  the  differences  with  respect  to  point  measurements.  It  is  seen  that 
at  the  low  frequency,  where  directivity  effects  are  quite  moderate,  the  difference  between  point 
measurements  and  scanning  is  typically  S  1  dB  for  all  three  measurement  distances.  At  4  kHz, 
where  directivity  is  stronger,  the  two  techniques  give  similar  results  for  the  greatest  distance 
d  =  0.4  m,  but  there  is  a  significant  increase  of  the  difference,  up  to  6  dB,  at  lower  distances  and 
this  even  in  the  presence  of  extraneous  noise  (the  corresponding  F3  -  indicators  are  shown  in 
tables  3  and  4).  Allthough  the  error  observed  at  small  distances  depends  an  other  parameters 
too,  a  minimum  distance  of  0.2  m,  which  is  actually  discussed  by  ISO,  seems  to  be  a  reasonable 
compromise. 

Scanning  Speed : 

Results  corresponding  to  those  in  tables  1  and  2  but  determined  with  approximately  half  the 
scanning  speed  (0.05  m/s)  are  presented  in  tables  5  and  6.  The  comparison  shows  no 
significant  differences  due  to  scanning  speed  at  the  greater  distances  (0.2  and  0.4  m).  Only  for 
d  =  G.l  m  a  slow  scan  reduces  the  errors  observed  more  particularly  at  high  frequencies. 
Nevertheless  the  conclusion  that  at  greater  distances  fast  scans  do  not  affect  the  measurement 
precision  would  be  erroneous  ;  In  fact,  a  more  detailed  analysis  reveals  that  repeatability  of 
results  suffers  at  very  high  and  very  low  scanning  speeds.  For  5  different  speeds  we  have 
repeated  the  complete  scan  8  times  and  determined  both  the  mean  sound  power  levels  and 
the  relative  errors  e  defined  by  : 


£ 


{%], 


where  ta/2,n-i  is  the  coefficient  of  Student  t-distribution  at  (1  -  a)  x  100%  confidence  level  (in 
our  case  it  was  2.365),  W  is  the  mean  sound  power,  s2  the  sample  variance  of  sound  power 
and  n  the  number  of  independant  samples. 


Table  7  shows  results  for  the  measurement  distance  0.4  m.  It  is  seen  that  best  repeatability  in 
obtained  in  the  medium  range  of  speeds  arround  0.2  m/s.  The  monotonous  decrease  of  errors 
with  the  scanning  speed  that  might  be  expected  is  not  observed,  probably  because  of  increasing 
"personal  errors"  induced  by  the  operator  at  long  scanning  times  and  very  low  speeds. 
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Scanning  pattern : 

The  results  presented  above  have  been  obtained  by  horizontal  scans  only.  The  comparison  of 
various  configurations  (complete  scans  or  division  into  elementary  paths  with  a  total  number 
of  FFT  samples  maintained  constant)  does  not  reveal  significant  differences  but  they  all 
underestimate  systematically  the  true  (?)  sound  powers  given  by  point  measurements, 
especially  at  high  frequency.  This  underestimation  which  is  due  to  the  choice  of  the  scanning 
pattern  cannot  be  reduced  by  increasing  only  the  number  of  FFT  samples  (by  a  lower  speed) 
without  changing  the  path. 

The  influence  of  the  scanning  pattern  is  show  in  the  table"  8  and  9  where  we  compare 
horizontal  and  vertical  scans  with  two  path  lengths  :  4  and  8  m.  At  4  kHz  and  with  a  path 
length  of  4  m  the  horizontal  scan  produces  an  underestimation  but  the  vertical  scan  an 
overestimation.  The  combination  of  both  (h  &  v)  fits  very  well  to  the  point  measurements. 
With  a  double  line  density  (path  length  8  m)  the  differences  are  much  smaller  and  either 
horizontal  or  vertical  scannings  are  sufficient  for  a  correct  sound  power  estimate.  Scanning  on 
crossed  paths  seems  to  be  an  interesting  technique  to  check  whether  the  chosen  line  density  is 
appropriate  or  not. 


CONCLUSION 

A  rough  analysis  of  the  large  number  of  collected  data  has  allowed  to  show  the  influence  of 
several  measurement  parameters  on  the  calcuated  sound  power  and  to  select  reasonable 
ranges  for  some  of  them  (measurement  distance,  scanning  speed).  These  ranges  fit  quite  well 
to  the  reommandations  discussed  actually  by  ISO. 

A  more  detailed  analysis  of  the  data,  especially  with  respect  to  the  indicators  which  are  already 
used  in  point  measurements,  should  permit  to  quantify  the  measurement  errors,  to  define 
classes  of  precision  and  to  get  guidance  for  improving  insufficient  estimates. 
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Table  2 :  Sound  power  levels  for  1/3  oct.  4  kHz,  Vs  =  0.11  ms"’ 


ext.  noise  0 

dB 


distance 


16  points  cor. 


compl.  scan 


4  X  Im 


16x/o 


0.1  m 

0.2  m 

0.4  m 

0.1  m 

0.2  m 

0.4  m 

71.3 

72.3 

71.4 

72.4 

72.5 

71.6 

mm\ 

-3.1 

0.4 

-3.8 

-0.2 

wBm\ 

-2.1 

noi 

11^ 

-5.1 

0.4 

mm\ 

-3.1 

mnm 

0.0 

0.1  m 

0.2  m 

3.0 

mm\ 

Table  3 ;  Indicator  F3  for  1/3  oct.  500  Hz,  Vj  =  0.11  ms’^ 


0 


distance 


16  points 


compl.  scan 


4  X  Im 


I6X/0 


Table  4 :  Indicator  F3  for  1/3  oct.  4  kHz,  vg  =  0.11  ms"' 


ext.  noise  0 

dB 


distance 


16  points 


compl.  scan 


4  X  Im 


I6X/0 


4.8 


Table  5 :  Sound  power  levels  for  1/3  oct.  500  Hz,  vg  =  0.05  ms"^ 


ext.  noise 
dB 

0 

hbbb 

Lpq,c  - 

~^P9A6  + 

distance 

0.1  m 

0.2  m 

0.4  m 

0.1  m 

0.2  m 

0.4  m 

0.1  m 

0.2  m 

16  points  cor. 

66.6 

65.2 

61.7 

69.7 

68.2 

^■1 

72.9 

71.1 

compl.  scan 

IBOi 

0.0 

0.0 

0.4 

0.3 

■mi 

IHBi 

■m 

4  X  Im 

0.0 

-0.2 

0.2 

0.1 

IKBI 

wsm 

16x/o 

-1.1 

0.0 

0.7 

i  0.3 

0.5 

0.1 

\mm 

■m 

Table  6 :  Sound  power  levels  for  1/3  oct.  4  kHz,  Vg  =  0.05  ms'^ 


ext.  notse 
dB 

0 

_  — 
ipu.ie  + 

distance 

0.1  m 

0.2  m 

0.4  m 

0.1  m 

0.2  m 

0.4  m 

0.1  m 

0.2  m 

16  points  cor. 

71.3 

72.7 

71.4 

72.9 

73.6 

71.9 

73.1 

73.6 

compl.  scan 

\mm 

0.5 

iKm 

■m 

IKm 

-2.1 

4  X  Im 

iKm 

WEM 

0.1 

lEm 

0.1 

IKm 

■m 

16xfo 

iBBai 

■mi 

IKm 

-2.8 

0.2 

-4.1 

-5.3 

Table  7 :  Sound  power  levels  for  d  =  0,4  m,  without  extraneous  noise 


freq.  [Hz] 

64  points 

0.85ra/s 

0.43m/s 

0.21  m/s 

O.llm/s 

0.05m/s 

500 

54.0 

53.7 

54.6 

54.9 

54.3 

54.3 

26% 

12% 

13.5% 

10.0% 

■tlMiW 

1000 

64.6 

63.2 

64.1 

64.7 

64.6 

64.7 

28% 

8.0% 

6.4% 

5.5% 

2000 

69.6 

68.0 

68.4 

69.1 

69.5 

69.7 

145% 

mm 

4000 

69.9 

69.8 

68.4 

69.5 

69.6 

69.8 

21% 

mm 

8.3% 

9.7% 

lin 

77.7 

77.0 

77.5 

n.i 

77.9 

12% 

■^1 

A 

78.6 

77.9 

77.5 

78.4 

78.6 

78.8 

12.5% 

6.5% 

6.6% 

Table  8 :  Sound  power  levels  for  1  /3  oct.  500  Hz, 
without  extraneous  noise 


dist.  (mj 

0.1 

— 

16  points  cor. 

65.5 

63.2 

60.0 

scan  4m  (h.&v.) 

65.5 

63.6 

61.0 

scan  4m  horizontal 

65.2 

63.7 

60.8 

scan  4m  vertical 

65.8 

63.6 

61.3 

scan  8m  (h.&v.) 

65.5 

62.9 

60.4 

scan  8m  horizontal 

65.6 

63.5 

60.5 

scan  8m  vertical 

65.3 

62.2 

60.4 

Table  9 :  Sound  power  levels  for  1  /3  oct.  4  kHz, 
without  extraneous  noise 


dist.  [m] 

0.1 

0.2 

04 

16  prints  cor. 

70  6 

71.3 

70.5 

scan  4m  (h.&v.) 

70.8 

70.1 

70.4 

scan  4m  horizontal 

66.5 

68.3 

69.1 

scan  4m  vertical 

73.0 

71.4 

71.4 

scan  8m  (h.&v.) 

70.4 

70.6 

70.2 

scan  8m  horizontal 

70.1 

70.0 

70.1 

scan  8m  vertical 

70.7 

71.1 

70.2 
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ABSTRACT 

The  influence  of  electrical  noise  from  microphones  and  preamplifier  circuits  on 
sound  intensity  estimation  is  examined.  Electrical  noise  has  no  systematic  effect  on  the 
time  averaged  sound  intensity,  but  it  increases  the  random  error  associated  with  using  a 
finite  averaging  time.  The  effect  of  electrical  noise  is  shovm  to  be  far  more  serious 
than  one  would  have  expected;  in  fact,  electrical  noise  may  well  make  it  virtually  im¬ 
possible  to  determine  the  sound  power  of  relatively  quiet  low  frequency  sources  with  the 
intensity  technique.  It  is  shown  theoretically  and  demonstrated  experimentally  that  the 
additional  random  error  that  is  due  to  the  noise  depends  in  a  simple  manner  on  four  quan¬ 
tities;.  the  signal-to-noise  ratio  of  the  microphone  signals,  the  pressure-intensity  index 
of  the  measurement,  the  frequency,  and  the  distance  between  the  microphones 

NOMENCUTURE 


B 

c 

('ll 


n" 

7 

P. 

Qiz 

S 

Sn,S22 

Snn 

p>P 

7i2 

Af 

Ar 

c 

P 

Viz 

u 


bandwidth 
speed  of  sound 

real  part  of  cross  spectrum  of  microphone  signals 

sound  intensity 

sound  intensity  spectrum 

wavenumber  at  the  centre  frequency  of  the  filter  band 
mean  square  value  of  electrical  noise  in  each  channel 
mean  square  pressure 
sound  power 

Imaginary  part  of  cross  spectrum  of  microphone  signals 
surface  area 

power  spectra  of  noise  free  microphone  signals 
power  spectrum  of  electrical  noise 
power  spectrum  of  sound  pressure 
averaging  time 

coherence  of  microphone  signals 
resolution  bandwidth 
microphone  separation  distance 
random  error 
density  of  air 

phase  angle  between  microphone  signals 
radian  frequency 
radian  band  limits 


Subscripts 

n  pertaining  to  electrical  noise 

r  component  in  the  r-directlon 
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Superscripts 


an  estimated  value 


INTRODUCTION 

The  most  important  application  of  the  sound  intensity  technique  Is  the  determina¬ 
tion  of  the  sound  power  of  source  in  the  presence  of  other  sources.  Other  important  ap¬ 
plications  include  localising  or  Identifying  regions  of  sources  with  particularly  strong 
radiation,  determining  radiation  properties  and  determining  transmission  loss.  In  typical 
measurement  conditions  the  sound  Intensity  level  to  be  measured  is  relatively  high,  and 
electrical  noise,  that  is,  thermal  noise  from  the  microphones  and  the  preamplifier  cir¬ 
cuits  of  the  Intensity  probe,  is  of  no  importance.  However,  in  some  cases  the  sound  in- 
'.ensity  level  to  be  measured  can  be  fairly  low.  One  might  expect  some  effect  of  the  elec¬ 
trical  noise,  say,  in  determining  the  sound  insulation  of  a  partition  or  in  determining 
the  sound  power  of  a  relatively  quiet  source,  but  whereas  there  is  an  obvious  lower  limit 
of  the  dynamic  range  in  measurement  of  the  sound  pressure,  there  is  no  correspondingly 
obvious  lower  level  in  estimating  the  sound  intensity.  The  purpose  of  this  paper  is  to 
examine  the  matter,  which  seems  to  have  been  Ignored  in  the  sound  Intensity  literature. 
In  what  follows  it  is  assumed  that  the  intensity  is  determined  with  the  usual  technique 
based  on  two  closely  spaced  pressure  microphones,  and  that  the  two  pressure  signals  are 
contaminated  by  independent  electrical  noise  signals. 

THEORY 

Bias  of  the  Estimate 

As  shown  by  Fahy'  and  Chung^  the  sound  intensity  spectrum  is  proportional  to  the 
imaginary  part  of  the  cross  spectrum  of  the  two  pressure  signals;' 

«  -C>„(u)/(upAr)  (1) 

The  noise  signals  that  contaminate  the  pressure  signals  have  no  influence  on  the  cross 
spectrum  since  they  are  uncorrelated  and  uncorrelated  with  the  pressure  signals.  There¬ 
fore,  quite  apart  from  whether  the  sound  intensity  actually  is  determined  from  measured 
cross  spectra,  the  formulation  given  by  Eq.  (1)  leads  to  the  important  conclusion  that 
the  sound  intensity  estimate  is  unbiased,  irrespective  of  the  signal-to-noise  ratio  of 
the  microphone  signals  However,  the  noise  affects  estimation  of  the  cross  spectrum  by 
increasing  the  random  error,  which  means  that  the  averaging  time  must  be  increased  ac¬ 
cordingly. 


Various  expressions  for  the  normalised  random  error  of  sound  intensity  estimates 

have  been  published. All  of  them  are  based  on  the  assumption  that  the  microphone  sig¬ 

nals  are  normally  distributed;  this  is  also  assumed  in  the  following. 

Pascal*  derived  the  expression 

c(l,(u))-(l*l/Y?,(u)4cot»^p„(«)(l/Y;,(w)-i))Vv'2^7T., 

where  7^2  is  the  coherence  and  <pi2  is  the  phase  angle  between  the  two  microphone  signals, 
Af  is  the  resolution  bandwidth  and  T  is  the  averaging  time.  (The  expressions  published  by 
Seybert,^  Elko*  and  Gade®  are,  in  effect,  identical.  None  of  these  expressions  is  suitable 
for  predicting  random  errors  from  experimental  data,  as  pointed  out  in  Ref.  7.  However, 
that  is  not  the  issue  here.)  The  coherence  will  usually  be  close  to  unity.®  On  the  other 
hand  it  is  well  known  that  the  phase  angle  can  be  very  small  indeed,  and  therefore  the 
random  error  can  ^  considerably  larger  than  the  corresponding  error  in  sound  pressure 
measurements,  \//LiT,  even  in  the  absence  of  electrical  noise  (that  is,  at  levels  where 

the  influence  of  the  noise  is  negligible).®-'  It  is  obvious  that  electrical  noise  reduces 

the  coherence,  from  which  it  follows  that  such  noise  increases  the  random  error,  in  par¬ 
ticular  in  conditions  where  the  phase  angle  between  the  sound  pressure  signals  is  small. 

The  coherence  is  defined  by  the  expression 

Yn(u)  -  (c,'j(4>) ‘C>?j(«))/5„(u)5„(0>)  (3) 

where  C12  is  the  real  and  Q12  is  the  imaginary  part  of  the  cross  spectrum  and  Sji  and  S22 
are  the  two  power  spectra.  In  the  presence  of  electrical  noise  the  coherence  becomes 


1300 


T?aB(<«>)  -(C,’,(«)  +Oi'j(u))/((S„(u)  ♦S„(u)XSj*'«)  ♦S„(o)))  , 
where  Is  the  power  spectrum  of  the  noise  In  each  channel.  Since 


1/Ywii(«)  "1/Yia  + 


(a„<<j)  5„(<a)) 


It  can  now  be  seen  that  the  normalised  variance  of  the  estimate  I^(u)  can  be  divided  into 
two  parts;-  one  part  that  depends  on  the  sound  field,  and  an  additional  part  that  Is  due 
to  electrical  noise.  The  former  part  Is  Independent  of  the  sound  pressure  (or  sound  In¬ 
tensity)  level;  the  latter  part  does,  of  course,  depend  on  the  level. 

The  normalised  random  error  corresponding  to  the  additional  variance  due  to  elec¬ 
trical  noise  is  obtained  by  combining  Eqs.  (2)  and  (5):- 

.  (6) 

{  +C>i,(u))sin*<R,j(u)  j  ' 

Assuming  a  reasonably  large  signal-to-nolse  ratio,  that  Is,  that 

S^(u)  -5,i(u)  -C„(u)  >>  ,  (7) 

where  Sp-  is  the  power  spectrum  of  the  sound  pressure,  leads  to  the  following  simple  ex¬ 

pression. 


gin,,,(u)  yjnry' 


which  clearly  shows  that  the  additional  random  error  can  be  considerable  when  the  phase 
angle  is  small,  even  when  the  signal-to-nolse  ratio  is  fairly  large. 

In  practice  it  is  often  useful  to  determine  sound  intensity  (or  sound  power) 
levels  in  frequency  bands,  one- third  octave  bands,  for  example.  The  normalised  random 
error  of  an  estimate  of  the  form 


can  be  written  as^ 

[■?  /  -C,’j(«)  *(?,’2(«))/«*]duV 

e(f^.i — ; - L.  (10) 

f  ((?lj(<0)  /4>) 

The  random  error  of  a  frequency  band  estimate  is  larger  than  the  random  error  of  a  spec¬ 
tral  estimate  unless  the  Intensity  spectrum  is  flat  within  the  band.'  The  additional  ran¬ 
dom  error  that  is  due  to  electrical  noise  can  be  shown  to  be* 


"  J,  ■g  Mr  ,/BT 


where  p*  Is  the  mean  square  pressure,  n*  Is  the  mean  square  value  of  the  electrical  noise, 
and  B  Is  the  bandwidth.  Since'* 


-  MrI,pc/]F  , 

it  can  be  seen  that  the  expression  for  the  additional  random  error  of  a  frequency-band 
estimate,  Eq.  (11),  is  in  agreement  with  the  corresponding  expression  for  spectral  esti¬ 
mates,  Eq.  (8). 

In  practice  the  global  random  erro*"  of  the  result  of  a  complete  sound  power  esti¬ 
mate  based  on  measurement  at  discrete  points  or  continuous  averaging  (scanning)  is  more 
important  than  the  error  of  a  point  measurement.  The  additional  random  error  of  a  sound 
power  estimate  in  a  frequency  band  can  be  shown  to  be* 


•  (/  ( ?/Pc)ds/  /f  di]  ^ 


where  Is  the  total  averaging  time.  (Note  that  it  is  the  total  averaging  time  that 

matters";  it  docs  not  matter  whether  the  sound  field  is  sampled  at  discrete  points  or 
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continuously  along  a  scanning  path.)  It  is  evident  that  this  expression  resembles  the 
expression  for  measurement  at  one  point,  Eq.  (11).  The  only  difference  is  that  the  inten¬ 
sity  and  the  mean  square  pressure  have  been  replaced  by  surface  average  values.  (One  can¬ 
not  extend  Eq.  (8)  in  such  a  simple  manner.) 

DISCUSSION 

It  is  apparent  that  the  additional  random  error  that  is  due  to  electrical  noise 
depends  on  the  signal-to-noise  ratio,  on  the  (local  or  global)  pressure -intensity  index 
of  the  sound  field,  on  the  frequency,  and  on  the  distance  between  the  microphones.  The 
relationship  is  Illustrated  in  Figure  1,  from  which  it  can  be  seen  that  electrical  noise 
is  a  problem  mainly  at  low  frequencies.  Note  that  an  increase  of  the  pressure-intensity 
index  of  5  dB  has  the  same  effect  as  a  reduction  of  the  signal-to-nolse  ratio  of  10  dB. 


Figure  1.  Nortaalised  random  error  of  sound  intensity  estimates  in  one-third  octave  bands 
with  a  microphone  separation  distance  of  12  mm,  and  an  averaging  time  of  Is.  Signal-to- 
noise  ratio:  -  ,  0  dB;  -  -  -  ,  10  dB;  —  —  —  20  dB;  —  •  —  ,  30  dB.  •••  ,  Theor¬ 
etical  minimum  value,  l/jBT  .  (a)  Pressure- intensity  index:-  5  dB;  (b)  pressure- intensity 
index:-  10  dB. 


Typical  pressure  microphones  used  in  sound  intensity  estimation  have  equivalent 
background  noise  levels  of  less  than  20  dB  re  20  pFa  in  one-third  octave  bands.  One  would 
therefore  have  expected  the  effect  of  electrical  noise  to  be  completely  negligible  in  all 
but  extreme  measurement  conditions,  as  it  is  in  measurement  of  sound  pressure  levels. 
However,  the  effect  can  actually  be  considerable  in  quite  realistic  conditions. 

This  can  be  demonstrated  by  an  example.  If  the  sound  Intensity  is  determined  with 
an  intensity  probe  with  a  microphone  separation  distance  of  12  mm  in  relatively  mild  con¬ 
ditions  where  the  pressure -Intensity  index  is  5  dB,  and  if  the  signal-to-noise  ratio  of 
the  signals  from  the  probe  is  20  dB,  then  the  normalised  random  error  is  1.05  at  200  Hz 
with  an  averaging  time  of  Is.  It  would  be  reasonable  to  require  that  the  error  should  be 
less  than  0.058;'  in  this  case  the  intensity  is,  with  a  confidence  level  of  95%,  deter¬ 
mined  within  an  interval  of  +0.5  dB  (2-4. 34-0.058  »  0.5).  To  reduce  the  error  to  this 
level  one  would  have  to  use  an  averaging  time  of  about  5h  minutes  ( (1.05/0. 058) VOO 
»  5.5).  An  averaging  time  of  about  five  minutes  is  not  unreasonable  in  a  complete  sound 
power  measurement.  However,  to  maintain  the  same  accuracy  at  100  Hz  one  should  use  an 
averaging  time  of  45  minutes.  In  less  favourable  measurement  conditions  the  error  would 
be  larger,  of  course,  and  one  would  have  to  use  a  longer  averaging  time.  If  the  pressure- 
intensity  index  of  the  sound  field  is  10  dB  instead  of  5  dB,  then,  with  figures  as  above, 
one  should  use  an  averaging  time  of  55  minutes  at  200  Hz  and  more  than  7  hours  at  100  Hz! 
In  practice  it  is  necessary  to  test  the  measurement  conditions  by  determining  various 
'quality  indicators'  from  preliminary  measurements, and  therefore  even  a  required  av¬ 
eraging  time  of  five  minutes  is  rather  inconvenient. 

The  most  dramatic  example  of  the  influence  of  electrical  noise  occurs  in  measure¬ 
ment  of  the  residual  pressure -intensity  index  of  intensity  measurement  systems.  The  re¬ 
sidual  pressure- intensity  index  is  defined  as  the  pressure -intensity  index  that  is  indi¬ 
cated  by  the  instrument  when  the  two  microphones  are  exposed  to  the  same  sound  pressure. ‘ 
This  quantity,  which  should  be  as  large  as  possible,  is  a  convenient  way  of  describing 
the  phase  mismatch  of  the  measurement  system.  At  the  present  technical  stage  it  is  of 
vital  importance  that  users  of  the  Intensity  technique  are  aware  of  the  influence  of 
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phase  mismatch  on  the  measurement  result,  which  means  that  the  residual  pressure- Inten¬ 
sity  Index  of  the  measurement  system  should  be  determined  at  regular  Intervals.*®-*^  How¬ 
ever,  determining  the  Index  can  be  racher  lengthy  because  of  electrical  noise.  If,  say,, 
the  residual  pressure -Intensity  Index  of  an  Intensity  probe  with  a  microphone  separation 
of  12  mm  Is  20  dB,  then  an  averaging  time  of  more  than  twenty  minutes  would  be  required 
In  order  to  determine  t*-  Index  within  an  Interval  of  ±0.5  dB  In  the  125  Hz  one -third 
octave  band,  even  with  a  slgnal-to-nolse  ratio  of  50  dB.  Ulth  a  slgnal-to-nolse  ratio  of 
40  dB  one  should  use  an  averaging  time  of  about  four  hours!  Moreover,  one  cannot  predict 
the  averaging  time  that  Is  needed  owing  to  the  fact  that  the  residual  pressure -Intensity 
Index  Itself  enters  Into  the  prediction.  (It  Is  not  self-evident  that  one  can  predict 
random  errors  from  Eq.  (11)  when  the  Indicated  Intensity  Is  due  to  phase  mismatch.  That 
It  Is  so  Is  shown  In  Ref.  9.)  This  explains  the  observation  that  the  sign  of  the  residual 
Intensity  seems  to  vary  randomly  with  time.*®  However,  the  problem  Is  solved  If  one  simply 
Increases  the  sound  pressure  level  In  measuring  Che  residual  pressure- Intensity  Index;'  a 
slgnal-to-nolse  ratio  of,  say,  70  dB  should  be  sufficient. 

With  a  microphone  separation  distance  of  12  mm  the  uppe'.  frequency  limit  of  Che 
Intensity  probe  Is  about  5  kHz.*®  The  only  way  to  extend  the  frequency  range  of  'two- 
microphone  technique'  upwards  Is  to  use  smaller  microphones  separated  by  a  corresponding¬ 
ly  smaller  distance.  However,  the  smaller  Che  microphone  the  higher  the  noise  level.  If, 
say,  a  microphone  sec  of  type  Bruel  &  KJmr  4181  (l.e.  H"  microphones)  and  a  12  mm  spacer 
are  replaced  by  a  microphone  set  of  type  B&K  4178  (l.e.  k"  microphones)  and  a  6  mm 
spacer,  then  the  random  error  will  be  about  ten  times  larger,®  from  which  It  follows  that 
the  signal  level  should  be  about  20  dB  higher  If  the  accuracy  should  be  maintained.  The 
best  compromise  would  probably  be  microphones  with  a  diameter  of  about  9  mm  separated  by 
a  9  mm  spacer. 

EXPERIMENTAL  RESULTS 

To  examine  Che  validity  of  Che  expressions  presented  In  Che  foregoing  some  experi¬ 
ments  have  been  carried  out.  The  sound  intensity  was  determined  with  an  intensity  probe, 
B&K  3519,  and  a  dual  channel  filter  analyser,  B&K  2133.  The  Intensity  probe  was  provided 
with  three  different  microphone  sets:'  a  phase  matched  set  of  4"  microphones  with  high 
sensitivity,  B&K  4177,  a  phase  matched  set  of  microphones  specifically  developed  for  In¬ 
tensity  measurements,  B&K  4181,  and  a  phase  matched  set  of  k”  microphones,  B&K  4178.  In 
all  the  measurements  a  microphone  separation  distance  of  12  mm  was  used. 

To  oredlct  the  random  error  from  Eq.  (11)  one  must  know  the  equivalent  sound 
pressure  level  of  the  electrical  noise.  Measurements  In  an  anechoic  room  gave  the  follow¬ 
ing  results.  The  background  noise  level  of  the  microphone  set  with  high  sensitivity  is 
very  low,  less  than  5  dB  re  20  fi?a  In  one-third  octave  bands;  the  corresponding  noise 
level  of  the  set  of  type  B&K  4181  is  about  12  dB  re  20  /iPa;  and  the  k"  microphones  are 
rather  noisy,  with  a  noise  level  of  about  30  dB. 

The  B&K  2133  analyser  can  be  programmed  to  repeat  a  measurement  any  given  number 
of  times  and  calculate  Che  normalised  standard  deviation  of  the  results.  This  facility 
was  used  in  determining  the  experimental  results  presented  In  Figure  2.  The  experiment 
Cook  place  In  an  anechoic  room.  The  Intensity  probe  was  placed  about  10  cm  from  an 
unenclosed  loudspeaker  driven  with  pink  noise  generated  by  the  analyser,  and  the  random 
error  was  estimated  by  repeating  Intensity  measurements  with  an  averaging  time  of  two 
seconds  one  hundred  times.  These  measurements  were  performed  at  three  different  intensity 
levels  with  the  three  microphone  pairs.  Also  shown  In  Figure  2  are  predicted  values  of 
Che  random  error,  calculated  from  the  measured  levels  of  the  electrical  noise  and 
measured  sound  pressure  and  sound  intensity  levels  using  Eq.  (11).  The  sound  Intensity 
level  and  the  pressure- intensity  Index  are  shown  in  Figure  3. 

Equation  (11)  seems  to  be  confirmed;  there  Is  fair  agreement  between  measured 
standard  deviations  and  predicted  random  errors.  Note  the  different  ordinate  axes.  With 
the  microphones  of  high  sensitivity,  B&K  4177,  there  is  practically  no  Influence  of  elec¬ 
trical  noise;  the  random  error  approaches  the  theoretical  minimum  value  of  l/JEf.  (The 
larger  random  error  at  160  Hz  is  undoubtedly  due  to  the  sound  field.  Equation  (11)  does 
not  cake  such  random  errors  into  account;  that  would  require  knowledge  of  measured  power 
and  cross  power  spectra.*-**)  By  contrast.  It  Is  evident  chat  electrical  noise  has 
Increased  the  random  error  significantly  below  200  Hz  in  the  measurements  with  the  B&K  - 
4181  microphone  sec,  and  this  effect  is,  of  course,  still  more  pronounced  In  the  measure 
ments  with  quarter  Inch  microphones.  It  Is  obvious  Chat  one  cannot  use  quarter  micro¬ 
phones  below  200  Hz  even  at  fairly  high  signal  levels  since  the  averaging  time  must  be 
increased  prohibitively.  If  the  normalised  random  error  taxes  a  value  of  two,  say,  then 
one  would  have  to  use  an  averaging  time  of  40  minutes  ((2/0. 058)® -2/60  ■»  40)  in  order  to 
determine  the  sound  Intensity  with  95%  confidence  within  an  Interval  of  ±0.5  dB. 


1303 


Centre  frequency  (kHz. 

Figure  3.  Measurement  near  an  unenclosed  loudspeaker  driven  wick  pink  noise,  (a) ,(b) ,(c) 
Sound  intensity  estimated  with  three  different  microphone  sets  using  an  averaging  tine  of 
3  minutes;  in  (b)  the  loudspeaker  signal  has  been  reduced  by  10  13;  in  (c)  the  loud¬ 
speaker  signal  has  been  reduced  by  20  dB.  -  ,  B&K  il77;  .  B&K  ilSl; - . 

B&K  il78.  (d)  Pressure- intensity  index  determined  with  BSK  ilel. 

CONCLUSIONS 

Electrical  noise  from  the  microphones  and  preairpllflers  of  sound  Intensity  probes 
has  no  systematic  Influence  on  the  measured  sound  Intensity,  but  it  increases  the  random 
error,  in  particular  at  low  frequencies,  the  more  so  the  smaller  the  microphone  separ¬ 
ation  distance.  The  effect  of  the  noise  is  more  serious  then  one  would  have  expected: 
with  standard  equipment  very  large  random  errors  are  likely  to  occur  If  the  sound  power 
level  is  less  than,  say,  40  dB  re  1  pW,  The  error  Is  particularly  large  in  adverse  cir¬ 
cumstances  where  the  pressure- Intensity  index  of  the  sound  field  assumes  a  large  value, 
and  this  explains  why  extremely  large  random  errors  occur  in  measurement.s  of  the  residual 
pressure-intensity  index  unless  the  sound  pressure  level  is  rather  high. 

Whereas  it  is  possible  to  correct  bias  errors  due  to  phase  mismatch  with  consider¬ 
able  success,  one  cannot  compensate  for  r.andom  errors.  However,  the  randoip  error  -  and 
thus  the  averaging  time  that  is  needed  to  ensure  an  acceptable  value  of  the  error  -  can 
easily  he  predicted  from  the  Intensity  and  the  mean  square  pressure,  provided  that  the 
equivalent  sound  pressure  level  of  the  electrical  noise  is  kuo-wn. 
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ABSTRACT 

The  use  of  sound  intensity  to  describe  acoustical  field  of  sources  is  well  known.  The  main  advantage  of 
sound  intensity  is  in  its  vectorial  nature.  In  presence  of  multiple  simple  sources,  the  interference  effects  could 
significantly  influence  the  nature  of  the  sound  intensity  field.  This  paper  describes  the  analytical  and  experimental 
studies  dealing  with  the  effects  on  both  sound  pressure  and  intensity  field  of  a  point  monopole  source  due  to  in¬ 
terference.  The  interference  caused  by  interactions  with  other  sources  and/or  boundary  reflection  are  considered. 
The  possible  applications  of  such  studies  are  discussed. 

INTRODUCTION 

The  vector  nature  of  complex  acoustic  intensity  [1]  has  made  intensity  method  useful  with  many  applications 
such  as  source  identification  and  ranking  smd  sound  power  evaluation  [2].  However,  direct  superposition  of  intensity 
does  not  bold  when  there  are  multiple  coherent  sources  and/or  nearby  reflecting  boundaries.  Thus,  the  resultant 
intensity  field  of  multiple  sources  should  be  obtained  by  not  only  the  direct  vectorial  summation  of  intensity  field 
of  individual  sources  but  also  adding  the  interference  due  to  the  interaction  among  sources.  Consequently,  the 
intensities  in  near  field  tend  to  be  severely  influenced  by  interference.  This  interference  effects  on  acoustic  intensity 
field  is  one  of  the  important  factors  which  must  be  considered  in  intensity  method  [3,4,5]. 

A  measurement  surface  with  little  interference  is  desired  for  power  determination,  source  location  and  rank¬ 
ing.  Therefore,  an  evaluation  of  interference  in  normal  direction  to  measurement  surface  gives  useful  information 
both  for  source  location  and  ranking  and  for  uncertainty  analysis  in  sound  power  determination.  Also,  the  extent  of 
interference  can  be  used  to  classify  the  sound  measurement  environment.  In  this  paper,  two  harmonically  radiating 
point  monopoles  are  used  to  study  the  interference  nature  in  complex  acoustic  intensity  field.  The  interference 
terms  in  both  complex  mean  intensity  and  mean  squared  pressure  field  are  formulated.  Also  the  pressure  ratio  and 
intensity  ratio  are  formulated  to  derive  the  practical  interference  indicator  dpi.  They  are  expressed  as  functions  of 
acoustic  frequency,  geometrical  parameters,  relative  source  strength  and  phase  difference. 

The  discussion  on  the  use  of  dpi  in  this  paper  will  be  made  ur  Jer  the  assumption  that  the  measured  intensity 
does  not  suffer  from  the  significant  instrument  nearfield  measurements  errors  such  as  finite  difference  approximation 
errors  [6]  or  phase  mismatch  error  [7].  Indeed,  fortunately  the  finite  difference  errors  are  not  serious  when  compared 
to  field  errors  introduced  by  interference  in  practical  measurements  and  phase  mismatch  error  can  be  eliminated 
[7,8]. 
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The  present  investigation  on  the  two  simple  sources  offers  some  insight  into  the  basic  interference  nature 
in  acoustic  fields  and  indicates  that  such  studies  of  both  active  and  reactive  intensity  interferences  and  the  inter¬ 
ference  indicator  will  have  applications  in  both  measurement  and  analysis  aspects  of  acoustic  intensity  method. 

FORMULATION  OF  INTERFERENCE 


Based  on  the  linearized  acoustic  wave  equation,  the  pressure  and  particle  velocity  generated  by  two  harmonic 
point  sources  can  be  obtained  by  direct  superposition  as  long  as  they  are  point  sources  and  thus  there  is  no 
scattering  due  to  the  finite  source  itself. 


P=P1+P2  .  «  =  ai  +  “J  (1) 

where  "  denotes  the  complex  number.  The  mean  squared  pressure  field  and  complex  mean  intensity  field  generated 
by  two  harmonic  sources  is  ^ven  by 

Pto  =  PP*/2  =  (Pi  +  wXpi  +  w)’/2  (2) 

i  =  pu72  =  (pi  +  pj)(ui  +  U2)*/2  (3) 

where  *  denotes  the  complex  conjugate. 

Above  equations  can  be  rewritten  as 

pL.  =  (P™)<i  +  (pL»)i  ,  i=id  +  ii  (4) 

where  the  subscripts  d  and  i  denote  the  direct  term  and  interference  term  respectively. 

The  direct  terms  is  obtained  by  superposition  of  fields  of  each  individual  source  in  free  space. 

(pLi)d  =  (pLi)i  +  (pLi)2  =  {Pi+pi)/2  (5) 

id  =  il  +  12  =  (pifij  +  P2U2)/2  (C) 

Therefore  the  interference  terms  become 


(pLf}i  =  (PiS  +  P2Pi)/2  .  il  =  (Piuj  +  P2ui)/2  (7) 

The  real  part  of  complex  mean  intensity  vector  i  is  well  known  active  intensity  and  the  imaginary  part  of  complex 
mean  intensity  vector  I  is  reactive  intensity.  FVom  now  on,  active  mean  intensity  vector  will  be  denoted  as  I  and 
the  reactive  mean  intensity  vector  will  be  denoted  as  J  in  this  paper. 

The  (nondimensional)  geometrical  description  of  the  two  simple  sources  is  shown  in  Fig.  1  and  given  by, 

(kr-if  =  (knf  -b  (khf  +  2{kh)(kTi)  cos  9  (8) 


where  k  is  wave  number  and  rj  is  the  distance  of  a  primary  source  from  a  field  point  and  r2  is  the  distance  of  the 
secondary  source  from  a  field  point  and  h  is  the  separation  distance  between  two  sources  and  the  angle  6  represents 
the  direction  of  a  field  point  with  regaird  to  the  line  connecting  the  centers  of  sources. 

The  pressure  and  particle  velocity  vector  of  a  primary  point  harmonic  monopole  with  strength  Qi(f)  is  given 


by, 


PI  =  Qi(t) 


e-jkri 


r\ 


tti  =  Qi(<) 


O'  -  hri) 

kzo 


e\ 


(9) 


Likewise,  for  a  secondary  source  we  have 


P2  =  <?2(0 


e-;*r3 


r2 


U2  =  <j2(f) 


(j-kri) 

kzo  rl 


*2 


(10) 


where  ei  denotes  the  radial  unit  vector  in  ri  direction  and  ez  denotes  the  radial  unit  vector  in  rz  direction  and 
Zo(=  poCo)  denotes  the  specific  impedance  of  medium.  And  ez  can  be  rewritten  as 


i2  =  S  ii  +  'i  eg 


(11) 


where  eg  is  the  transverse  unit  vector  with  regard  to  9  in  Fig.  1,  and  6  and  e  are  ^ven  in  Eq.  (8)  by 
d  =  =  (ri  +  hcoe9)/T2  ,  f  =  =  -hain9/r2 


(12) 
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The  source  strengths  with  a  phase  difference  /?  are  pven  by 

Qi{t)  =  Qie^‘^  ,  Q2(t)  =  g2eJ("‘-« 


(13) 


The  mean  squared  pressure  and  active  and  reactive  mean  intensity  for  a  primary  monopole  without  inter¬ 
ference  in  free  space  are 

.  .  Ql  ,  Q^  .  (pL.)i  -  ,  Ql  ,  (pL.)i  - 


2zoTj 


Zo 


2kzorl 


kZoTl 


(14) 


The  similar  expression  for  a  secondary  source  without  interference  can  be  obtained. 

Pressure  Interference 

IVom  Eqs.  (5)  and  (14),  the  direct  term  in  mean  squared  pressure  is 

(  2  1 .  _  ®  1  j.  ^2 

(Pm-)d-2;:5  +  ^ 

Plugging  Eqs.  (9)  and  (10)  into  Eq.  (7),  the  interference  in  mean  squared  pressure  fields  is  given  by 

(P™)i  “  ' 


„2  =  M2 

rjrj 


COSO 


(15) 


(16) 


where  o  =  (fcri  -  fcr2  -  0).  Defining  the  mean  squared  pressure  divided  by  mean  squared  pressure  of  a  primary 
source  without  interference  as  the  pressure  ratio  Pr,  we  have 

Pr  =  =  (4»)d±(py‘  =  1  +  QlRl  +  2QoRoCosa  (17) 

(PnD*)! 

where  Qo  =  Q2/Q1  and  Rg  =  ri/r2. 

Intensity  Interference 

Prom  Eqs.  (11)  and  (14),  the  direct  term  in  active  intensity  vector  becomes 


Id  =  Ii  + 12  =  /i  ei  -f  ej  =  (/i  +  S  I2)  ei  +  i  h 

2zorJ  2zo»'2  2zar§ 

Likewise,  the  ^rect  reactive  intensity  vector  is 

Jd  =  Ji  +  J2  =  -fl  ei  +  *12  *2  =  (<Il  +  ^  J2)  ei  +  €  Jj  eg 

0?  0?  Ql 

Plugging  Eqs.  (9)  and  (10)  with  Eq.  (11)  into  Eq.  (7),  the  interference  term  in  active  intensity  becomes 

li  =  + «)=“«+ {«»« - 1)^}  + *  {«’«« + ««] 

And  the  interference  term  in  reactive  intensity  becomes 

ei  -i-  c  {^  -  sina}  eg] 


(18) 


(19) 


(20) 


(21) 


Defining  the  active  intensity  vector  divided  by  active  intensity  of  a  primary  source  without  interference  as  the 
active  intensity  ratio  vector  Ir  [4,9],  we  have 

=  i  =  k±ii 

ri  h 


=  [1  +  iQlK  +  goito{(l  +  «) Coscr  -I-  {R06  -  1)^}]  ei 


kri 


+  «  [g?!!?  +  g<.fl<.{co6  a  +  eg 


(22) 
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Likewise,  the  reactive  intensity  ratio  vector  Jr  is 

_  ^  _  Jd  +  Jj 

^  Ji  Ji 

=  [1  +  +  Go'Ro{(l  -  S)kri  sin  a  +  {RgS  +  1)  cos  a}]  ei 

+  £  [<32^0  +  QoRo{Ro<^ob  a  -  kri  sin  a}]  eg  (23) 

The  similar  expressions  of  the  intensity  ratio  are  also  found  in  Ref.  [3,10,11]. 

Though  the  interference  terms  given  by  Eqs.  (16),  (20),  and  (21)  may  represent  the  amount  or  direction  in 
interference,  due  to  the  difficulty  in  direct  measurements  of  interference  terms,  a  few  indirect  methods  to  evaluate 
the  degree  of  interference  effects  has  been  sought  in  some  references  [4,  12).  For  practical  use,  the  most  reliable 
one  to  indicate  the  interference  seems  to  be  dpi  which  is  one  of  the  held  indicators  for  the  characterization  of 
environments  [13].  Forssen  and  Crocker  [14]  have  discussed  the  use  of  a  pressure-intensity  index  dpi  defined  as 
jlp  -  Lij  in  conjunction  with  the  finite  difference  error  in  intensity  measurements  and  Gade  [15]  describes  the 
use  of  dpi  referred  to  as  an  reactivity  index  in  validity  of  intensity  measurements,  dpi  is  termed  as  an  interference 
indicator  in  Ref.  [12]  and  has  good  correspondence  with  the  formulation  of  an  interference  index  Lx  in  Ref.  [5]. 
When  the  field  point  is  in  far  field  where  the  interference  effect  is  assumed  to  be  absent  or  very  weak,  the  following 
relationship  between  the  mean  intensity  and  mean  squared  pressure  is  well  known. 

I  ~  P^atho  or  dpi  w  0  (24) 

It  is  easily  observed  that  the  statement  of  Eq.  (24)  is  equivalent  to  the  fact  that  the  interference  terms  are  absent 
in  Eqs.  (16)  and  (20). 

Using  mean  pressure  ratio  Pg,  in  Eq.  (17)  and  the  magnitude  of  active  intensity  ratio  vector  Ir  with  regard 
to  a  specific  direction  in  Eq.  (22),  the  interference  indicator  dpi  can  be  formulated  as  following. 

dpi  =  |ip-i,|  =  |101og||^| 

2 

«  |101og^|  =  il01og/^//R|  =  ix  (25) 

The  complete  formulation  of  dpi  for  the  case  of  two  point  monopoles  is  obtained  from  Eqs.  (17)  and  (22). 
EXPERIMENTAL  WORK 

In  order  to  verify  the  theoretical  formulations,  some  experiments  were  conducted.  Two  small  enclosed  speak¬ 
ers  {Qo  =  1)  were  used  as  monopole  sources.  The  evaluation  of  acoustic  quantities  for  this  study  was  carried  out 
in  an  anechoic  chamber  using  FFT  analyzer  and  real  time  intensity  analyzer  (B&K  T^ype  4433)  and  side-by-side 
two-microphone  (phase  matched)  probe.  Experimental  set-up  is  shown  in  Fig.  2.  The  interference  due  to  the 
secondary  .source  was  introduced  using  a  on/off  switch.  Pg  and  Ig  at  a  certain  field  point  are  obtained  directly 
from  the  measured  pressure  level  Lp  and  the  measured  intensity  level  Li  through  two  microphones  placed  along 
the  radial  direction.  The  phase  change  between  two  sources  is  done  by  the  polarity  switch. 

RESULTS  AND  DISCUSSIONS 

The  experimental  results  in  Figs.  3  and  4  are  compared  to  the  predicted  value  based  on  Eqs.  (17)  and 
(22),  for  the  radial  interference  indicator  as  given  by  (ipi)r  =  101og(/R)r/f)i.  Fig.  4  is  for  the  case  of  passive 
interference  due  to  hard  reflecting  panel  [5].  It  is  observed  that  as  ri/h  increases,  the  interference  amplitude 
increases  because  the  intensity  was  measured  in  the  radial  direction  of  source  1.  The  experimental  results  show 
good  agreement  with  the  analysis. 

Using  Bkis.  (18)-(21),  the  coupled  acoustic  intensity  vector  field  with  interference  can  be  decomposed  into 
direct  pattern  and  interference  pattern.  Figs.  5  and  6  illustrate  the  decomposition  of  active  and  reactive  intensity 
vector  for  the  case  of  Qo  =  2  out  of  phase  with  nondimensional  separation  distance  kh  =  0.5  and  kh  =  25 
respectively  (the  plotted  vector  magnitudes  scales  «  /*/*).  At  low  frequency  {kh  —  0.5),  it  is  observed  in  Fig.  5 
that  the  active  intensity  vector  field  is  severely  distorted  from  the  direct  field  whereas  the  reactive  intensity  vector 
field  suffer  less  from  the  interference  effect.  At  high  frequency  {kh  =  25)  in  Fig.  6,  the  case  is  the  reverse. 

Fig.  5  clearly  demonstrates  the  fact  that  the  weaker  radiator  take  a  role  of  active  power  sink  due  to  the 
interference  field.  This  is  because  the  power  radiated  from  the  weak  source  is  affected  by  the  pressure  field 
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produced  by  the  other  nearby  source  with  phase  difference.  However,  it  should  be  noted  that  the  weak  monopole 
still  constitutes  an  SMitive  source  when  kh  —  25  (in  this  case,  the  separation  distance  h  is  greater  than  wavelength 
as  seen  in  Fig.  6).  The  intensity  field  contaminated  by  the  strong  interference  in  near  field  often  makes  it  difficult 
identifying  sources,  and  determining  the  individual  power  of  primary  source  of  interest  or  using  the  evaluated  tota’ 
power  for  noise  controi,  especially  when  the  measurement  surface  is  close  to  the  extended  sources.  The  detail  on 
the  effect  of  interference  in  this  respect  is  well,  discussed  by  Faby  [16].  Also,  it  is  noted  that  the  weak  monopole 
is  always  reactive  power  source  even  though  the  wavelength  is  greater  than  k  and  the  phase  difference  exists  in 
Figs.  5  and  6.  This  nature  indicates  that  reactive  intensity  ma^  pve  useful  information  in  source  location  and 
ranking.  The  possible  use  of  reactive  intensity  mapping  for  better  source  location  was  discussed  in  Ref.  [17,11]. 

The  sound  power  radiated  from  a  primary  source  is  obtained  by  integrating  the  acoustic  intensity  over  any 
surface  enclosing  the  source.  When  there  are  two  monopoles  in  free  space  and  the  measurement  surface  S  encloses 
only  primary  source  1,  the  surface  integration  of  complex  mean  intensity  is 


J^iadS 


=  ^(id  +  ii)ndS 

=  +  i2)  ndS  +  jf(ii)  ndS  =  ii  ndS  +  Jjji) 


ndS 


(26) 


As  seen  in  above  equation,  if  the  interference  term  Ij  is  negiigibie  and  consequently  the  total  intensity  is  about  the 
same  as  the  direct  intensity  on  measurement  surface,  main  advantage  of  using  intensity  for  power  evaluation  is 
that  the  measurement  of  intensities  over  the  surface  gives  the  power  of  primary  source  1,  regardless  of  the  presence 
of  other  steady  sources  outside  measurement  surface.  However,  if  the  interference  on  measurement  surface  is 
considerable,  the  field  error  in  sound  power  of  the  source  is  expected  as  much  as 


J^(,ii)ndS  =  JjiPiuUm)ndS  (27) 

As  the  estimation  of  sound  power  using  intensity  was  based  on  Eq.  (26),  measurement  surface  in  the  region  with 
strong  interference  should  be  avoided  for  more  precise  power  evaluation  of  a  source.  It  should  be  noted  that  the 
fact  dpi  is  nearly  zero  {Li  w  Lp)  or  interference  is  negii^ble  does  not  necessarily  imply  the  validity  for  use  of 
sound  pressure  for  sound  power  determination.  It  is  evident  that  the  sound  pressure  can  be  used  to  find  power 
of  primary  source  1  when  only  ij  is  nonzero  in  Blq.  (26).  The  comparison  of  sound  power  evaluation,  using  both 
pressure  and  intensity  is  shown  in  [18]. 

The  advantage  of  using  intensity  over  using  pressure  in  source  location  is  well  described  in  Fig.  7.  It  is 
evident  that  the  intensity  map  gives  clearer  location  of  sources.  However,  even  when  the  intensity  is  being  used,  it 
can  be  seen  in  Figs.  5  and  6  that  the  interference  effects  in  near  field  makes  it  difficult  simply  locating  and  ranking 
the  individual  sources.  The  actual  field  is  the  direct  field  plus  the  additive  interference  field,  and  the  negative 
effect  of  interference  should  be  considered  when  the  effective  source  identification  is  desired. 

For  Spi  and  intensity  maps,  the  normal  components  of  intensities  to  measurement  surface  will  be  taken  and 
the  measurement  surface  is  d  m  above  two  monopoles.  Fig.  8  shows  the  active  intensity  map  and  reactive  intensity 
map  in  dB  scale  as  well  as  interference  indicator  5pi  when  d  =  0.25  m,  -  1  in  phase  and  the  nondimensional  sep¬ 
aration  distance  kh  is  0.5,  5,  and  25  respectively.  It  is  noted  in  Fig.  8  that  Spi  always  shows  minimum  around  the 
location  of  monopoles.  This  results  suggest  another  possibility  in  use  of  5pi  in  source  location.  However,  using  the 
complex  intensity  (both  active  and  reactive)  together  with  6pi  under  the  consideration  of  the  effect  of  interference 
rather  than  depending  only  one  of  them  will  give  better  and  more  accurate  source  location  and  ranking  in  any  case. 


CONCLUSIONS 


Given  that  the  actual  sound  field  which  is  produced  by  multiple  sources  and  the  reflecting  boundaries 
surrounding  sources  is  more  complicated,  the  observations  from  present  studies  on  ideal  field  by  two  simple  sources 
leflect  the  nature  of  complexity  of  the  interference.  The  study  reported  in  this  work  has  dealt  with  the  nature  of 
interference  in  complex  intensity  field.  The  interference  terms  in  both  mean  squared  pressure  and  complex  mean 
intensity  which  are  usually  measured  with  dB  scale  in  practice  are  separated  from  the  total  acoustic  field  and 
formulated.  And  the  effect  of  interference  was  depicted  by  the  means  of  visualization  of  the  radiation  pattern. 
Also,  the  relative  intensity  error  was  calculated  as  the  interference  term  divided  by  the  primary  sound  field. 

Based  on  these  formulations,  the  interference  indicator  5pi  defi''ed  as  the  level  difference  between  sound 
pressure  and  intensity  can  be  formulated  with  respect  to  a  certa,,.  direction  (mostly  the  normal  direction  to 
measurement  surface).  Since  the  relative  intensity  error  is  unmeasurable,  the  use  of  Spi  in  source  identification 
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and  aotiice  power  detennination  using  intensity  was  examined  in  respects  of  interference  effect  represented  by  the 
reiative  intensity  enors. 

The  formulations  of  dpi  was  confirmed  with  the  experimental  results  for  a  few  cases.  The  results  indicate 
that  dpi  can  be  used  for  uncertainty  analysis  in  sound  power  evaluation,  and  dpi  can  help  the  source  identification 
together  with  the  visualization  of  the  interference  in  both  active  and  reactive  radiation  patterns.  Finally  it  should 
be  mentioned  that  dpi  may  be  inadequate  to  reflect  these  interference  effects  discussed  in  this  paper  if  the  instru¬ 
ment  errors  is  significant  on  the  measurement  points. 
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ABSTRACT 

This  paper  reports  on  the  improvement  in  the  signal-to-noise  ratio  of  underwater  sound 
measurements  that  is  possible  through  the  use  of  acoustic  intensity  measurements.  These 
measurements  were  made  in  a  lake  and  flooded  dry  dock.  The  acoustic  intensity  probe  was 
made  from  a  pair  of  hydrophones  that  was  oriented  to  measure  the  horizontal  component  of 
sound.  Simple  sound  sources  were  used  to  demonstrate  that  it  is  possible  to  obtain  an 
Improvement  in  the  signal-to-noise  ratio  by  reducing  the  background  surface  noise. 

INTRODUCTION 

With  the  Increase  in  relatively  inexpensive  data  processing  hardware,  acoustic  intensity 
has  become  the  method  of  choice  in  measuring  airborne  sound  power.  In  the  past  several 
years,  measurement  of  acoustic  intensity  has  become  a  technique  regularly  used  in  field  work 
and  no  longer  has  the  flair  of  an  irmovative  research  tool.  The  common  use  of  acoustic  Intensity 
has  not  occurred  in  underwater  applications,  however,  and  its  use  there  still  remains  a 
research  topic. 

Acoustic  Intensity  measurements  ofler  benefits  not  easily  attainable  using  traditional 
underwater  instrumentation,  such  as  ordinary  and  gradient  hydrophones.  Acoustic  intensity 
instrumentation  measures  both  the  scalar  sound  pressure  and  the  vector  acoustic  intensity.  In 
many  cases,  acoustic  intensity  can  improve  the  signal-to-noise  ratio,  as  compared  to  pressure 
measurements,  making  it  easier  to  discriminate  between  the  source  of  Interest  and  the 
background  noise. 

This  can  be  seen  in  Figure  1.  which  shows  the  total  acoustic  intensity  vector,  h .  at  the 
measurement  point  P  .  In  the  figure.  It  has  been  decomposed  into  two  components:  the 
acoustic  intensity  vector,  b ,  from  the  source  of  Interest,  S .  and  the  ambient  acoustic  intensity 

vector.  Ib  .  from  all  background  sources  (e.g.,  sea  source  noise,  oceanic  turbulence,  distant 
ship  trafllc). 

An  intensity  component  measurement  made  along  the  direction  of  is  will  consist  of  the 
sum  of  the  source  intensity  and  the  component  of  the  ambient  intensity  along  the  direction  of 
the  measurement.  A  scalar  pressure  measurement  made  at  the  point  P  will  consist  of  the 
energy  sum  of  the  source  pressure  contribution  and  the  total  ambient  pressure  contribution.  If 
the  ambient  intensity  vector  is  oriented  in  a  different  direction  than  the  source  intensity 
vector,  as  shown  in  the  figure,  the  result  will  be  a  smaller  background  contribution  to  the 
intensity  component  measurement  than  to  the  pressure  measurement,  with  a  corresponding 
Improvement  in  signal-to-noise  ratio. 
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This  paper  reports  on  demonstrations  of  the  Improvement  In  slgnal-to-nolse  ratio 
possible  throng  the  use  of  acoustic  Intensity  rather  than  sound  pressure  to  define  underwater 
acoustic  signatures.  These  demonstrations  were  conducted  on  a  lake  In  central  Virginia  and  In 
a  coastal  d^  dock. 

INSTRUMENTATION 

Data  collection,  processing,  and  plotting  were  accomplished  using  a  Wyle-developed 
hardware/software  system  called  Gener^  Acoustic  Intensity  Measurement  System  (GAIMS). 
The  system  used  In  these  experimenU  evolved  from  earlier  systems  that  were  developed  for 
the  U.S.  Navy.  This  work  dates  back  to  the  earlier  1980s  and  discussions  on  these  earlier 
measurement  programs  and  systems  can  be  found  In  References  1  to  6. 

GAIMS  Is  hosted  on  a  9000  Series  300  Hewlett-Packard  computer.  By  means  of  a 
IEEE-488  bus,  GAIMS  downloads  spectral  data  from  a  Scientlllc-Atlanta  Model  SD380Z  two- 
channel  spectrum  analyaer.  Two  Ithaco  Model  451  amplifiers  are  used  to  condition  the  signal 
from  the  hydrophone  p^  before  sampling  by  the  anatyxer. 

The  acoustic  Intensity  probe  Is  constructed  from  two  International  Transducers 
Corporation  Model  6050C  hydrophones.  A  distance  of  0.7  meter  separates  the  two  elements. 
This  probe  configuration  has  a  working  frequent^  range  of  1  to  10  kHz.  The  probe  bias  error 
exceeds  1.5  dB  above  5  kHz  and  increases  as  the  frequency  Increases.  Probe  bias  error  Is  the 
sum  of  the  bias  errors  due  to  the  finite  gradient  approximation,  the  existence  of  uncorrected 
phase  differences  between  the  signal  channels,  and  the  uncertainty  In  defining  the  distance 
between  the  two  transducer  elements. 

DEFINITION  OF  EQUIVALENT  PRESSURE 

In  order  to  be  able  to  compare  Intensity  measurements  directly  with  pressure  measure¬ 
ments,  the  vector  Intensity  measurements  were  converted  to  scalar  equivalent  pressure 
measurements.  The  equivalent  pressure  corresponding  to  a  given  intensity  (or  component)  Is 
defined  as  the  pressure  that  would  be  measured  for  that  intensity  If  the  wavefront  of  the  sound 
signal  were  plane  or  spherical. 

A  simple  relation  exists  between  pressure,  p ,  and  the  magnitude  of  intensity,  |T| .  for  a 
locally  plane: 

iThp*/!*  (1) 

where  p  Is  the  density  of  the  medium  through  which  Jie  wave  propagates,  and  c  is  the  speed 
of  sound  in  that  medium.  Values  of  the  acous^c  Impedance,  pc  ,  are  on  the  order  of 
1,500.000  mks  layls  for  water.  The  equivalent  pref-'.ure  for  all  types  of  waves  can  be  defined  as; 

iv=(pciTr  (2) 

This  equivalent  pressure  will  only  be  equal  to  the  measured  pressure  for  intensity 

measurements  made  In  local  plane  fields  and  along  the  direction  of  propagation  of  the  acoustic 
energy.  Along  other  directions  in  such  fields,  the  equivalent  pressure  will  always  be  less  than 
the  measured  pressure,  since  it  represents  only  the  component  of  the  energy  flow  along  the 
direction  of  the  intensity  measurement  while  the  pressure  represents  the  total  energy  flow. 

If  Ps  Is  the  sound  pressure  corresponding  to  the  acoustic  energy  from  the  source  and 
Pb  Is  the  sound  pressure  corresponding  to  acoustic  energy  from  the  noise  background,  then 
the  normal  slgnal-to-nolse  ratio  (In  declbds)  for  a  receiver  in  the  far  field  is: 

SNR  =  10  logic  ^  =  10k)gio^4^  =  lOkgio.y  ,,,, 

Pb  PcIIbI  IIbI  '3) 

where  |ls|  and  |Ib|  are  the  magnitude  of  the  source  and  background  acoustic  intensity  vectors, 
respectively. 
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Tlie  signal-to-noise  ratio  of  the  equivalent  pressure  of  source  background,  (pe)s  and 
(Pele .  respectively,  which  correspond  to  intensity  component  measurements  in  the  direction 

of  Is  is: 


(SNRle  =  lOlogio^  =  lOlogio— -  =  SNR  -  lOlogio |co8e|  (41 

(P3a  pc|lB||a»e| 

where  0  is  the  angle  between  the  source  intensity  vector  and  the  background  intensity  vector 
(see  Figure  1]  which,  due  to  the  nature  of  the  ambient  noise,  will  generally  be  a  function 
of  frequency. 

Ihus  the  improvement  possible  in  signal-to-noise  ratio  Ity  the  use  of  equivalent  pressure 
measurements  is: 


(SNRle -SNR  =  -lOlogiolcosej  (5) 

Although  this  simple  model  does  not  take  into  account  many  practical  factors,  such  as 
the  effects  of  changes  in  the  direction  and  magnitude  cf  both  the  source  and  background 
intensity  vectors,  while  spectral  measurements  are  being  made,  it  does  indicate  that  slgnal-to- 
nolse  Improvements  are  at  least  feasible. 

In  general,  the  net  horizontal  Intensity  component  of  isotropic  sea  surface  noise  is 
expected  to  be  small.  This  can  be  seen  in  Figure  2,  which  shows  acoustic  intensity  components 
from  two  elements  of  sea  surface  symmetrically  located  on  each  side  of  the  measurement 

point,  P .  The  horizontal  component,  Ihi  ,  of  the  intensity  vector  due  to  element  1  is  equal 

and  oppositely  directed  to  the  horizontal  component,  Ikz  ,  of  the  intensity  vector  due  to 
element  2.  Thus  the  two  components  cancel,  resulting  in  a  zero  net  horizontal  intensity 
component.  If  the  sea  surface  is  Isotropic,  then  the  net  horizontal  intensity  components  for  all 
such  pairs  of  elements  are  zero,  so  that  no  net  horizontal  sea  state  intensity  component  exists 
at  the  measurement  point. 

Thus  measurements  of  the  horizontal  component  of  a  source's  radiated  acoustic  Intensity 
will  not  be  contaminated  by  background  contributions  from  wave  motion  on  the  sea  surface. 
Instead,  the  lowest  measurable  horizontal  component  of  the  source's  radiated  intensity  will  be 
governed  by  the  net  horizontal  Intensity  com^nent  of  distant  ship  traffic,  which  cannot  be 
expected  to  be  isotropic. 

SURFACE  NOISE  CANCELLATION  EXPERIMENT 

Figure  3a  shows  the  experimental  setup  used  to  demonstrate  surface  noise  cancellation. 
Two  water  sprayers  separated  tty  a  distance  of  8  feet  were  attached  to  port  and  starboard  sides 
of  a  pontoon  boat.  The  boat  was  securely  anchored  in  9  feet  of  water.  Water  was  pumped  from 
the  rear  starboard  of  the  boat  to  the  sprayers.  The  sprayers  were  throttled  to  maintain  equal 
flow  in  each  sprayer.  Water  from  one  or  both  of  the  sprayers  was  directed  into  the  air  allowing 
the  droplets  to  free  fall  onto  the  lake  surface,  thus  generating  lake  surface  noise. 

The  acoustic  intensity  probe  was  positioned  midway  between  the  two  sprayers  at  a  depth 
of  4.5  feet.  The  probe  was  oriented  to  measure  the  horizontal  intensity  component  in  the 
direction  from  port  to  starboard. 

GAIMS  was  used  to  measure  the  narrowband  intensity  component  and  sound  pressure 
spectra  over  a  frequency  range  of  0  to  10  kHz  with  a  bandwidth  of  25  Hz.  Each  spectrum  is  an 
average  of  100  ensembles,  representing  a  time  period  of  approximately  20  seconds. 

Figures  4  and  5  show  narrowband  spectra  measured  in  the  lake.  In  each  of  the  figures 
the  upper  trace  is  the  pressure:  the  middle  is  the  equivalent  pressure:  and  the  lower  is  the 
direction  indicator.  The  direction  indicator  shows  the  direction  of  energy  flow.  A  positive 
direction  (+)  Indicates  energy  flow  from  port  to  starboard.  A  negative  (-)  direction  indicates 
energy  flow  from  starboard  to  port. 
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The  lake  ambient  pressure  and  equivalent  pressure  are  shown  In  Figure  4a.  In  Figure  4b 
are  the  spectra  measured  with  both  sprayers  running.  In  this  experiment,  the  lake  ambient 
represents  the  background  noise  level,  and  the  noise  generated  by  the  droplets  landing  on  the 
lake  surface  represents  the  somce.  The  source  levels  are  seen  to  increase  by  30  dB  above  lake 
ambient  and  the  direction  indicator  shows  no  preferred  direction  as  a  function  of  frequency. 

Figure  5  shows  the  pressure  and  equivalent  pressure  spectra  with  either  the  starboard 
(Figure  5a)  or  the  port  (Figure  5b)  sprayer  running.  As  expected,  when  only  one  sprayer  is 
running  the  pressure  spectrum  is  3  dB  down  from  when  bo^  sprayers  are  running.  AIm,  as 
expected,  the  direction  of  energy  flow  at  most  frequencies  is  away  from  the  source 
being  operated. 

When  both  sprayers  are  on.  the  acoustic  intensities  from  the  starboard  and  port  sprayer 
should  cancel.  Comparing  Figures  5a  and  5b  with  Figure  4b  it  can  be  seen  that  the  equivalent 
pressure  with  both  sprayers  on  is  2  to  3  dB  less  than  that  with  only  one  sprayer  on.  This 
reduction  was  not  as  significant  as  might  be  expected  because  of  background  intensity 
contribution  from  the  submersible  pump  used  to  provide  water  to  the  sprayers.  However,  the 
results  do  show  that  cancellation  does  occur. 

DRir  DOCK  MEASUREMENTS 

Simultaneous  sound  pressure  and  acoustic  intensity  measurements  of  underwater 
background  noise  were  carried  out  in  a  coastal  dry  dock.  These  measurements  were  made 
when  other  activities  at  the  shipyard  were  minimal. 

The  data  was  processed  using  the  GAIMS  i^stem.  as  before,  except  each  spectrum  is 
now  an  average  of  999  ensembles.  This  averaging  time  represents  approximately  3  minutes  of 
data  collection. 

Intensity  component  measurements  were  made  parallel  to  the  main  axis  of  the  dry  dock 
and  perpendicular  to  that  axis.  All  measurements  were  made  at  a  depth  of  approximately 
20  feet  (see  Figure  3b). 

During  the  measurements  the  diy  dock  was  empty  but  flooded.  Water  surface  conditions 
during  the  measurement  period  ranged  from  calm  to  li^t  rain  to  choppy. 

Figure  6a  shows  typical  narrowband  pressure  and  equivalent  pressure  spectra  at  a 
measurement  location  close  to  the  dry  dock  ^te.  A  positive  direction  (■•■)  indicates  the  energy 
flow  is  from  the  gate  into  the  dry  dock.  A  negative  (-)  direction  indicates  energy  flow  is  from 
the  dry  dock  toward  the  gate. 

Note  that  the  acoustic  energy  flow  at  most  frequencies  is  directed  from  the  gate  into  the 
dry  dock.  This  would  imply  that  the  primary  source  of  background  noise  in  the  dry  dock  at 
this  time  was  harbor,  rather  than  shipyard  noise  radiating  from  the  sides  of  the  dry  dock. 

The  differences  between  the  pressure  and  the  equivalent  pressure  range  from 
approximately  5  dB  at  1000  Hz  to  approximately  10  dB  at  10.000  Hz.  This  is  typical  of  the 
measurements  made  during  the  first  measurement  period,  during  which  the  water  surface 
was  calm. 

Figure  6b  shows  a  similar  plot  for  measurements  made  parallel  to  the  dry  dock  gate. 
Note  that  the  direction  of  energy  flow  is  much  more  a  random  function  of  frequency  than  was 
the  case  in  Figure  6a,  indicating  a  more  reverberant  situation  than  along  the  major  axis  of 
the  dry  dock. 

Note  also  that,  while  the  pressure  levels  in  Figure  6b  are  similar  to  those  in  Figures  6a. 
the  equivalent  pressure  levels  are  approximately  5  dB  lower.  This  would  imply  that  most  of  the 
energy  in  the  diy  dock  is  flowing  along  its  major  axis  rather  than  perpendicular  to  that  axis. 

The  difference  between  pressure  and  equivalent  pressure  indicated  in  Figure  6a  and  6b 
are  representative  of  those  occurring  for  calm  water  surface  conditions.  A  second 
measurement  was  carried  out  in  a  light  drizzle.  In  a  third  session,  a  west  wind  produced 
choppy  waves  on  the  water  surface. 

The  average  difference  between  pressure  and  equivalent  pressure  over  the  frequency 
range  ''om  1  kHz  to  10  kHz  for  the  three  surface  conditions  arc  summarized  in  Table  1. 
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Drizzle 

18.6 

Choppy 

20.6 

To  further  study  the  potential  slgnal-to-nolse  Improvements,  a  third  hydrophone  was 
used  to  inject  a  5  kHz  tone  into  the  water  2  feet  from  the  intensity  probe.  Figure  7  shows  the 
resultant  pressure  and  equivalent  pressure  spectra  with  a  choppy  surface  condition.  The 
signal-to-noise  ratio  for  the  pressure  is  29.2  dB:  the  corresponding  ratio  for  the  equivalent 
pressure  is  45.2  dB.  Ihe  resultant  increase  in  signal-to-noise  is  16.0  dB. 

CONCLUSION 

The  results  described  above  dearly  show  that  acoustic  intensity  measurements  are  a 
useful  adjunct  to  sound  pressure  measurements  in  that  they  can  improve  the  signal-to-noise 
ratio  of  the  measurement.  In  addition,  they  provide  information  on  the  direction  of  the  energy 
flow,  which  can  be  useful  in  discriminating  between  signal  and  background  noise. 
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Figure  1,  Reduction  of  the  Background  Contribution  by  the  Use  of 
Acoustic  Intensity  Measurements. 


Figure  2.  Cancellation  of  Horizontal  Component  of 
Sea  Surface  Intensity  Contribution. 
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(a)  Aerial  View  of  Pontoon  Boat  on  Lake. 


(b)  Aerial  View  of  Diy  Dock. 


F  Igure  3.  Experimental  Setup  of  Pontoon  Boat  and  Diydock. 
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Figure  7.  Pressure  eind  Equivalent  Pressure  Spectra  W.'lh  5  kllz  Pure  Tone. 
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ABSTRACT 

Unlike  the  well  known  2-microphone  technique  using  the  finite 
difference  approximation  a  method  of  intensity  measurements  based  on 
araV  ic  solution  of  sound  wave  propagation  equation  is  offered.  Sound 
prc. jure  level  and  phase  difference  between  them  are  measured  by  means  of 
2  microphone  located  in  arbitrary  points  of  a  field  (ID  case).  Active  and 
reactive  parts  of  intensity  in  each  of  these  points  are  estimated  using 
the  measured  value  of  pressure  and  the  calculated  value  of  oscillating 
velocity.  This  condition  ensures  the  independence  of  the  upper  frequency 
range  on  the  chosen  distance  between  the  microphones..  While  with  the 
gradient  method  the  choice  of  the  distance  imposes  restriction  on  the 
upper  frequency  range.  As  for  the  lower  frequency  range  in  the  both 
methods  the  restriction  is  due  to  mismatch  of  measuring  chains..  Making 
use  of  regressive  analysis  method  of  mathematical  modeling  the  equation 
of  errors  for  the  parameters  determining  were  obtained,  which  showed  the 
influence  of  the  amplitude  and  the  phase  measurements  accuracy  as  well  as 
of  the  parameter  k-I  (where  k  is  the  wave  number,  1  -  microphone 
separation  distance).  For  measurements  of  the  intensity  vector  in  3D 
space  the  4-microphone  probe  is  suggested  in  which  the  microphones  are 
mounted  in  such  a  way  that  their  centos  form  a  tetrahedron. 

INTRODUCTION 

Sound  intensity  measurements  are  widely  used  in  practice,  '  their 
usefulness  is  indisputable.  In  all  existed  sound  intensity  analyzers  the 
finite  difference  approximation  is  used.  Approximation  error  and  errors 
due  to  phase  mismatch  of  microphone  channel  lead  to  frequency  range 
restriction  (11. 

A  method  of  intensity  measurements  based  on  the  analytic  solution  of 
sound  wave  propagation  equation  is  offered  in  this  paper.  The  intensity 
is  computed  using  experimental  data  for  sound  pressure  Pj  and  and 

difference  of  phases  &<p  between  them,  measured  in  two  arbitrary  points 
situated  at  the  distance  1. 

BASIC  RELATIONS 

Let  us  consider  ID  case.  A  plane  monochromatic  wave  propagates  along 
a  wave-guide  which  has  a  reflecting  terminal.  Taking  into  consideration 


that  sound  wave  propagates  from  the  first  to  the  second  microphone  we  may 
write  the  expression  for  sound  pressure  in  the  area  of  the  microphone 
location 

p^=PQ(l-r).  (1-r  ,  (1) 

where  p„  is  the  pressure  in  the  incident  wave,  r  is  complex  reflection 

U  ta 

coefficient  r=|r|e  ,  0  is  the  phase  of  reflection  coefficient  in  the 
position  of  the  first  microphone,  k  is  a  wave  number. 

After  simple  transformation  of  the  Eq.-  (1)  it  is  easy  to  derive  the 
formula  for  absolute  value  and  phase  of  reflection  coefficient; 


|j,|  _  [  (N^-l)^^^4N^(cos^kl+cos^A<p)-4N(N^■^l)cosA(p  cos(kl 
N2+1-2N  cos{a»>+kl) 

0  =  arctg  2N  sin(kl)  (Ncos(kl)  -  cos  Lip) 
N^-l-2Ncos(kl)  (Ncos(kl l-cosA?)) 


(2) 


where  N=Pj^/p2. 

Active  and  reactive  components  of  intensity  determined  in  the 
position  of  the  first  microphone  may  be  written  in  the  form 

p,^  1-r^  p,^  2|r|sin0 

I  =  _i _ ^  I  =  Li _ I_I _  .  (3) 

^  pc  l+r^-2|r|cos0  ’  ''  pc  l+r^-2 |r |cos0 

ERRORS  DUE  TO  CHANNEL  MISMATCH 

Usually  instrumental  errors  are  considered  to  be  caused  only  by  the 
phase  channel  mismatch  and  the  amplitude  characteristics  are  identical, 
which  is  not  always  correct.  Let  us  consider  errors  caused  as  by  phase  as 
well  as  by  amplitude  channel  mismatch.  Influence  of  the  parameter  kl 
will  also  be  considered. 

Numeric^  modeling  of  free  field  condition  for  channel  mismatch  in 
the  range  ±3^'  in  phase  (5^))  and  ±2  dB  in  pressure  (Ap)  has  been  done. 
Parameter  kl  was  changed  from  1.8”  to  90°. 

Let  us  suppose  that  the  relative  errors  of  intensity  measurements 
may  be  written  in  the  form  of  functional  dependence:  y=F(5^,Ap,kl). 
Taking  into  account  only  first  linear  and  nonlinear  terms  of  expansion 
(quadratic  terms  are  omitted  due  to  their  small  value),  we  may  write  the 
equation  of  errors  in  the  form 

y  =  aQ+aj5»)+a2Ap+a2/kl+a^6^)Ap+ag6^/kl+agAp/kl+a.^6(pAp/kl  (4) 

Coefficients  a^,  a^,  ...  are  obtained  by  multiple  regression 

method  (21.  For  practical  evaluation  the  Eq  (4)  may  be  simplified  by 
accounting  for  only  the  more  important  variables  using  stepwise 
regression  procedure. 

The  dependence  of  the  relative  errors  of  the  active  intensity 
measurements  for  free  field  condition  on  the  parameters  under 
consideration  may  by  written  in  the  form 

AI^/I^  =  0.1254  -  (1.008  +  0.131  |Ap|)  (5) 


The  Eq.  (5)  differs  from  the  known  equation  of  errors  by  having  an 
additional  term,  determined  by  the  quantity  [Apl  which  can  not  be 
neglected. 
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The  measurement  errors  of  reactive  intensity  was  determined  versus 
the  quantity  (because  in  the  running  wave  lj,=0).  The  simplified 

dependence  has  the  form 


=  -0.091  -  Ap  (6) 


As  follows  from  the  Eq.  (6)  the  phase  mismatch  practically  does  not 
influence  the  measurement  errors  of  reactive  intensity. 

The  dependence  of  relative  errors  of  the  intensity  components 
determination  on  parameter  kl  was  checked  experimentally  in  the 
wave-guide  in  the  running  wave  condition. 

Theoretical  and  experimental  dependencies  of  intensity  components 
determination  on  parameter  kl  are  represented  on  the  fig.  1,2.  It  is 
seen  that  experimental  results  coincide  satisfactorily  with  the 
theoretical  prediction.  As  it  follows  from  the  analysis  of  the  error 
equation  the  errors  of  quantities  under  consideration  decrease 
significantly  for  kl>18°. 

It  is  interesting  to  note  that  the  theoretical  dependence  of  errors 
on  parameter  kl  in  gradient  method  tends  asymptotically  to  zero  with 
the  increasing  kl.  In  our  case  when  phase  and  amplitude  channel  mismatch 
taken  into  account  under  increasing  kl  quantity  of  1^=10* lg(I^/<I^>) 

changes  its  sign  and  tends  asymptotically  to  certain  limiting  value  which 
is  determined  oy  the  quantities  8(p  and  Ap.  The  theoretical  predictions 
are  in  a  good  agreement  with  the  experiment. 

3D  SYSTEM 

For  measurements  of  the  intensity  vector  in  3D  space  it  is 
sufficient  to  use  the  4-microphone  probe  in  which  the  microphones  are 
mounted  side  by  side  in  such  a  way  that  their  centers  form  a  tetrahedron. 
The  procedure  of  processing  of  arbitrary  form  signal  entering  from  4 
channel  has  been  derived.  It  includes  FFT  analysis  and  the  computer 
calculations.  As  a  result  of  processing  the  amplitude  specter  of  signal 
is  determined  for  each  channel  as  well  as  the  phase-frequency  specter 
between  the  first  and  each  of  remaining  three  microphones. 

Using  the  relations  derived  the  calculation  of  three  intensity 
components  in  the  position  of  first  microphone  is  performed  and  then  the 
procedure  is  repeated  for  each  of  three  other  microphones. 

The  generalization  of  above  method  to  3D  space  is  connected, 
generally  speaking,  with  the  same  approximation  which  exists  in  gradient 
method. 

CONCLUSION 

Unlike  the  gradient  method  the  considered  method  of  intensity 
measurements  practically  does  not  have  frequency  restrictions.  Using  the 
4-microphone  probe  instead  of  6  microphones  for  intensity  vector 
measurements  in  3D  field  has  its  own  advantages.  The  measurement  process 
may  be  designed  for  automatic  performance. 
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Fig.  2 

The  relative  errors  of  the  reactive  intensity  determination 
(solid  line  -  theory,  dots  -  experiment) 
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ABSTRACT 

A  brief  introduction  to  the  main  principles  of  the  Spatial  Transformation  of  Sound  Fields  (STSF) 
technique  is  given  before  the  use  of  reference  signals  in  STSF  is  treated  in  more  detail.  The  normal 
type  of  references  determine  the  part  of  the  total  sound  field  to  be  included  in  the  sound  field  modi'l; 
Only  the  part  coherent  with  these  references  will  be  included.  At  least  one  normal  reference  must 
always  be  applied.  The  second  type  of  references  applies  for  subtraction  of  undesired  non-coherent 
sound  field  components  from  the  model:  The  part  of  the  sound  field  coherent  with  these  references 
will  be  excluded  from  the  model  otherwise  obtained.  Examples  are  given  showing  how  the  exclude 
references  apply  for  suppression  of  background  noise  and  for  suppression  of  certain  independent 
components  of  a  sound  source. 

INTRODUCTION 

The  STSF  technique  permits  a  3D  sound  field  mapping  based  on  a  2D  scan  measurement  in 
the  near  field  of  a  source.  By  measurement  of  the  cross  spectra  between  a  set  of  references  and 
the  cross  spectra  from  each  scan  position  to  each  of  the  references,  a  principal  component 
representation  of  the  sound  field  is  extracted  which  can  be  applied  for  near-field  holography  and 
Helmholtz’  integral  equation  calculations.  Basically,  this  sound  field  representation  includes  only  the 
part  of  the  sound  field,  which  is  coherent  with  the  reference  signals.  More  precisely,  only  'View.s”  of 
the  independent  parts  of  the  sound  field  seen  by  the  references  are  included.  Therefore,  provided 
the  references  do  not  pick  up  some  possible  background  noise,  the  background  noise  will  not 
become  part  of  the  sound  field  processed  by  STSF.  However,,  if  the  background  noise  is  picked 
up  by  the  reference  transducers,  it  will  become  part  of  the  model  and  cause  errors  in  the 
calculations.  In  order  to  overcome  this  problem,  the  possibility  of  using  a  set  of  "exclude  references" 
has  been  implemented  in  the  STSF  system.  These  references  should  pick  up  only  the  uncorrelated 
background  noise  to  be  suppressed  in  the  model.  The  exclude  references  can  also  be  used  to 
suppress  an  independent  part  or  a  "view"  of  a  composite  sound  source  to  be  mapped. 

PRINCIPLE  OF  STSF 

The  principle  of  the  STSF  technique  is  illustrated  in  Fig.1.  A  certain  stationarity  of  the  source 
is  assumed  and  correlation,  phase  and  amplitude  information  is  obtained  by  measuring  the  cross 
spectra  during  a  scan  over  a  plane  close  to  the  source  under  investigation.  Based  on  these  cross 


spectra,  a  principal  component  representation  of  the  sound  field  is  extracted.  Any  power  descriptor 
of  the  sound  field  (e.g.  intensity,  reactive  intensity,  pressure,  particle  velocity)  can  then  be  mapped 
over  a  3D  region  extending  from  the  surface  of  the  source  to  infinity  (Fig.1).  The  near  field  is 
predicted  from  the  scan  data  using  near-field  acoustical  holography  while  the  more  distant  field  is 
calculated  using  Helmholtz’  integral  equation.  In  addition  to  the  3D  mapping  capability  based  or,  the 
2D  measurements,  STSF  also  provides  the  possibility  of  performing  a  simulation  of  partial  source 
attenuation.  The  main  advantage  of  the  STSF  technique  compared  to  similar  systems  is  that  STSF 
can  be  used  on  broadband,  non-coherent  sources  [1). 

THE  USE  OF  NORMAL  "INCLUDE"  REFERENCES 

Ideally,  the  cross  spectrum  from  every  point  to  every  other  point  over  the  scan  area  would  have 
to  be  measured  yielding  an  enormous  amount  of  data.  However,  the  amount  of  data  to  be 
measured,  stored  and  processed  can  be  considerably  reduced  by  using  some  important  properties 
of  this  enormous  cross  spectrum  matrix  to  remove  redundant  information.  Since  in  general  the  large 
matrix  is  strongly  rank  deficient,  the  whole  matrix  can  be  constructed  from  a  relatively  small  number 
of  linearly  independent  columns,  obtained  by  measuring  the  cross  spectra  from  the  scan  points  to 
a  number  of  reference  iransducers  and  the  cross  spectra  between  every  pair  of  references  [1]. 

The  reference  transducers  will  typically  be  placed  between  the  sound  source  and  the  scan  plane 
and  should  be  distributed  over  the  scan  area.  Too  few  reference  transducers  will  generally 
misrepresent  the  sound  field  as  certain  important  combinations  (“views")  of  the  uncorrelated  partial 
fields  will  not  be  identified.  This  is  illustrated  by  the  following  example  taken  from  [1].  An  STSF 
measurement  is  made  over  two  identical  loudspeakers  using  a  single  reference  microphone  placed 
on  the  symmetry  plane  between  the  two  loudspeakers.  Ttie  loudspeakers  are  excited  by  two 
identical,  independent  noise  generators  which  are  adjust  jd  to  produce  equal  sound  pressure  level 
at  the  reference.  Thus,  the  total  sound  field  consists  of  two  mutually  uncorrelated  partial  fields,  each 
of  which  are  spatially  coherent.  However,  the  use  of  one  reference  provides  only  one  "view"  of  the 
two  partial  fields  and  therefore  does  not  provide  a  complete  representation  of  the  total  sound  field. 
The  sound  field  representation  is  based  on  the  cross  spectra  from  the  reference  to  the  individual 
scan  positions,  and  at  some  positions  in  the  scan  plane  the  contributions  to  the  cross  spectrum  from 
the  two  uncorrelated  partial  fields  will  tend  to  cancel  each  other.  Thus,  the  sound  field  model  will 
show  an  interference  pattern  which  is  not  found  in  the  true  total  sound  field.  With  the  reference  on 
the  plane  of  symmetry,  the  interference  pattern  will  be  as  if  the  two  speakers  were  excited  in-phase 
from  a  single  generator  (Fig.2).  To  obtain  a  complete  model  of  the  sound  field,  a  second  reference 
needs  lo  be  added.  Furthermore,  the  second  reference  must  have  a  "view"  of  the  two  independent 
sources  which  is  different  to  that  of  the  first  reference.  The  solid  curve  in  Fig.2  showrs  the  sound 
pressure  level  calculated  from  a  measurement  involving  two  references.  Notice  that  the  spurious 
interference  pattern  has  been  avoided. 

If  one  or  more  partial  sources  can  be  identified  before  the  references  are  selected  then 
references  can  be  positioned  to  pick  up  individual  partial  fields.  As  an  example,  assume  that  the 
vibration  of  a  certain  surface  is  suspected  to  be  an  important  source.  Then  the  sound  field  coherent 
with  that  vibration  can  be  mapped  by  the  use  of  a  single  reference  which  picks  up  the  vibration 
signal,  e.g.  an  acceleiometer  or  a  laser  velocity  transducer.  The  use  of  a  vibration  signal  as 
reference  has  the  advantage  of  providing  a  good  suppression  of  uncorrelated  background  noise. 
A  drawback  is  the  possibility  of  measuring  the  vibration  signal  at  a  nodal  line  of  the  vibration  pattern. 

THE  USE  OF  "EXCLUDE"  REFERENCES 

In  cases  where  some  uncorrelaled  background  noise  cannot  be  avoided  at  the  normal  reference 
transducers,  the  background  noise  v/ill  become  part  of  the  sound  field  model  used  by  STSF  for 
mapping  of  the  field.  In  such  cases,  if  a  set  of  exclude  references  can  be  introduced  picking  up 
only  the  background  noise,  this  noise  can  be  removed  from  the  model  quite  efficiently.  The  effect 
of  using  a  set  of  exclude  references  is  to  subtract  the  part  of  the  sound  field  coherent  with  these 
reference.'!  from  the  sound  field  model.  In  case  of  more  than  one  exclude  reference,  a  set  of 
prindpal  components  is  extracted,  and  the  dominating  principal  components  are  subtracted. 
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Effectively,  the  set  of  views  of  the  different  mutually  uncorrelated  parts  of  the  sound  field  seen  by  the 
exclude  references  is  subtracted  from  the  field  model. 

The  exclude  references  can  also  be  applied  to  suppress  the  part  of  the  sound  field  coherent 
with  a  set  of  reference  signals  measured  on  a  composite  sound  source.  In  this  case,  the  part  of 
the  sound  field  coherent  with  the  exclude  references  is  considered  as  background  noise. 

The  exclusion  is  a  process  performed  during  the  measurement.  To  obtain  sufficient  accuracy 
in  the  subtraction  of  the  background  noise,  it  is  important  that  all  signals  involved  in  the  subtraction 
(i.e.  all  reference  and  scan  transducer  signals)  are  measured  simultaneously.  Suitable  instrumentation 
can  be  based  upon  the  Multichannel  Analysis  System  Type  3550,  which  enables  up  to  16  channels 
including  all  cross  products  to  be  measured  at  the  same  time.  The  use  of  the  exclude  reference 
mode  does  not  inhibit  any  of  the  normal  STSF  calculations:  The  STSF  data-base  has  exactly  the 
same  form,  the  only  difference  being  that  the  field  coherent  with  the  exclude  references  has  been 
subtracted  from  all  data. 

A  major  application  of  the  exclusion  technique  is  in  the  use  of  STSF  in  windtunnels  during  wind 
induced  noise  testing  of  motor  vehicles.  Often,  the  fan  noise  of  the  windtunnel  itself  is  the  principal 
undesirable  noise  source.  Another  application  is  the  investigation  of  tyre/road  noise  under  running 
conditions.  In  this  case  the  noise  due  to  the  engine  can  be  significantly  suppressed  by  placing  one 
or  a  set  of  exclude  references  in  the  engine  compartment. 

MEASUREMENTS 

Two  series  of  measurements  shall  be  described,  each  involving  the  use  of  exclude  references. 
The  first  measurement  series  employing  two  loudspeakers  shows,  how  effectively  a  spurious  source 
can  be  eliminated.  The  second  measurement  series  shows  the  effect  of  using  the  technique  for 
suppressing  a  component  of  a  real-world  sound  source. 

Speaker  measurements 

The  first  measurement  series  was  performed  using  10  x  8  scan  positions  in  front  of  two 
loudspeakers,  each  one  supplied  with  its  own  uncorrelated  broadband  noise.  One  loudspeaker  (the 
leftmost)  was  considered  to  be  the  principal  sound  source,  the  other  the  interfering  background 
noise  source.  Two  normal  reference  microphones  were  positioned  so  that  they  had  different  views 
of  the  two  loudspeakers.  A  third  reference  microphone,  the  exclude  reference  microphone,  was 
positioned  as  close  as  possible  to  the  background  noise  loudspeaker.  Three  measurements  were 
performed  for  the  following  conditions: 

1)  No  background  noise.  No  exclude  references  (Figs.3  &  4). 

2)  Background  noise.  No  exclude  references  (Figs.5  &  6). 

3)  Background  noise.  One  exclude  reference  (Figs.7  &  8). 

For  all  three  measurements  the  principal  source  was  on.  From  Figs.  3  &  4  and  7  &  8  it  can  be  seen 
that  the  exclude  reference  mode  accurately  reconstitutes  the  unadulterated  sound  field  from  the 
principal  sound  source.  This  is  seen  quantatively  in  the  total  sound  power,  and  qualitatively  in  the 
contour  plots.  All  the  plots  represent  a  50  Hz  band  around  1200  Hz. 

Tank  measurements 

The  second  measurement  series  consisting  of  two  measurements  was  performed  using  32  x  10 
positions  along  the  left,  rear  part  of  a  stationary  tank,  covering  thereby  the  engine,  the  ventilation 
system  and  the  exhaust  outlet  regions.  Two  normal  references  were  used:  one  accelerometer  on 
the  belt  drive  wheel  and  another  accelerometer  on  a  rear  panel  plate,  which  was  vibrating  strongly. 
A  single  exclude  microphone  positioned  close  to  the  exhaust  outlets  behind  the  vehicle  was  used 
in  the  second  measurement  (Figs.10,12&14).  whereas  the  first  measurement  was  made  without 
exclude  references  (Figs.9.11&13).  Figs.  9  and  10  show  the  sound  power  spectrum  through  the 
scan  area  (shifted  0.3  m  towards  the  source)  without  and  with  exclusion  of  the  field  coherent  with 
the  exhaust  reference.  It  appears  that  an  overall  reduction  around  4  dB  is  achieved  over  the 
frequency  range  80-500  Hz  by  subtracting  the  field  coherent  with  the  exhaust  reference.  The 
remaining  four  figures  contain  plots  of  the  active  intensity  for  the  20  Hz  band  centred  at  120  Hz. 
Figs.  11  and  12  contain  contour  plots  of  the  normal  component  of  the  intensity  vectors  in  a  plane 
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very  close  to  the  surface  of  the  tank.  Clearly,  the  exclude  reference  suppresses  the  radiation  from 
the  upper  rear  region,  where  the  exhaust  outlets  are  located.  The  sound  power  is  reduced  from  92.2 
dB  to  87.5  dB.  Figs.  13  and  14  show  the  tangential  component  of  the  active  intensity  vectors  in  the 
scan  plane.  Again  the  reduced  radiation  from  the  exhaust  region  is  apparent. 

CONCLUSIONS 

The  STSF  technique  employs  an  efficient  prindpal  component  measurement  technique  to  achieve 
a  cross  spectral  representation  of  the  sound  field.  Normal  references  and  exclude  references  can 
be  used  to  include  and  exclude,  respectively,  various  uncorrelated  parts  of  the  total  sound  field.  The 
technique  also  includes  a  validation  procedure  to  evaluate  the  representation  obtained  by  a  specific 
set  of  references.  The  use  of  exclude  references  for  suppression  of  uncorrelated  background  noise 
and  independent  parts  of  a  source  has  been  demonstrated. 
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Fig.1.  Principle  of  STSF  based  on 
Multichannel  Analysis  System  Type 
3550. 


Fig.2.  Calculated  sound  pressure  level. 

Dashed:  one  reference  (insufficient). 
Solid:  fwo  references  (sufficient). 
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Fig.3.  No  background  noise;  no  exclusion. 
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Fig.4.  No  background  noise;  no  exclusion. 
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ABSTRACT 

Three  types  of  measurements  are  presented  which  are  based  on  applying  the  intensity  techniques  to  detect  the 
impedance  and  other  closely  related  quantities.  The  first  type  of  application  is  the  measurement  of  surface  impedance 
with  either  the  two-microphone  acoustic  intensity  or  the  surface  intensity  instrumentation.  The  main  advantage  of  the 
method  is  that  the  impedance  can  be  determined  in  any  sound  field  as  a  function  of  position.  The  technique  is 
demonstrated  with  measurements  of  the  impedance  of  mineral  wool  and  and  a  window.  The  second  type  of  application 
is  the  measurement  of  the  incident  intensity  in  an  arbitrary  incoming  sound  field.  This  method  is  based  on  the  principle 
of  reciprocity,  and  it  is  an  extension  of  the  measurement  of  impedance  distribution  on  the  surface  of  an  insonified  plane. 
The  technique  is  used  to  measure  the  intensity  incident  on  tiie  wool  and  the  window.  The  third  type  of  application  is 
the  measurement  of  the  impedance  in  a  bending  wave  using  the  structural  intensity  technique.  The  method  is  applied 
to  the  determination  of  the  impedance  and  the  reflection  coefficient  of  a  narrow  beam  in  laboratory  conditions. 

INTRODUCTION 

The  sound  intensity  techniques,  and  their  counterpart  in  vibration  measurements,  the  structural 
intensity  technique  have  offered  many  new  ways  of  looking  at  familiar  problems  in  acoustical  and  mechanical 
testing.  Three  such  methods  are  reviewed  in  this  paper.  They  all  have  the  common  approach  of  turning  the 
information  from  intensity  measurement  into  the  determination  of  the  impedance,  or  other  closely  related 
descriptors  of  the  field  rnd  the  boundary  or  structure. 

The  measurement,  of  the  acoustic  impedance  using  the  two-microphone  intensity  technique  was 
presented  in  [1].  Later,  the  method  have  been  shown  to  work  with  absorbing  surfaces  by  several  researchers. 
Here  two  experiments  are  reviewed,  using  mineral  wool  and  a  window,  the  impedance  of  which  can  also  be 
measured  more  directly  with  the  surface  intensity  technique.  Another  acoustic^  application  is  the  measure¬ 
ment  of  the  incident  intensity.  This  quantity  would  be  needed  for  the  determination  of  the  transmission  loss 
or  the  absorption  coefficient.  Using  the  distributions  of  intensity  and  impedance  on  the  insonified  surface,  the 
incident  intensity  can  be  measured  without  a  priori  knowledge  of  the  incoming  sound  field.  The  method  was 
presented  in  [2],  and  it  was  later  refined  in  [3],  along  with  the  first  laboratory  experiments.  The  applicability 
of  the  method  was  also  investigated  using  the  wool  and  the  window  as  test  specimens. 

In  structural  intensity  measurements,  the  application  of  the  intensity  technique  to  the  determination 
of  impedance-related  quantities  is  also  a  logical  extension,  which  parallels  the  similar  development  in 
acoustics.  This  approach  was  briefly  mentioned  in  [4]  and  described  more  thoroughly  in  [5,6].  The  impedance 
technique  may  be  formulated  generally  as  for  sound  fields,  but  the  first  tests  which  are  reviewed  here  were 
made  with  a  simple  beam  in  the  laboratory. 

METHODS 

Measurement  of  specific  acoustic  impedance 

The  sound  intensity  instrumentation  gives  signals  which  contain  information  on  sound  pressure  p  and 
(a  component  of)  particle  velocity  u.  Instead  of  forming  their  conjugate  product,  the  intensity,  one  may  as  well 
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Figure  1 — ThearrangementoftestspecimensandtransduceraintheacousticimpedanceandincidentintensUy 
experiments:  (Left)  The  wool  absorbent  on  the  laboratory  floor  and  the  acoustic  intensity  probe.  (Right)  The 
surface  intensity  transducers  on /near  one  of  the  panes  of  the  window. 

calculate  their  ratio  —  which  is  the  specific  acoiistic  impedance.  The  impedance  is  defined  in  the  frequency 
domain  with  the  Fourier  transforms  p(/)  and  uif)  as 

Z(/)=  pWkV)  (1) 

The  impedance  in  the  general  (3-dimensional  field)  case  can  be  estimated  using  the  two-microphone 
intensity  technique.  This  approach,  presented  in  [l]andrefinedin  [2],  leads  to  the  followingoptimum  estimate 
for  the  impedance 

2  G„  -  Gjj  -  j2  Im(G„} 

where  p  is  the  density  of  air  and  d  microphone  spacing.  The  subscripts  ofthe  auto-  and  cross-spectra  G^refer 
to  the  pressure  signals  of  microphones  1  and  2.  By  orientating  the  probe  to  detect  normal  intensity  close  to 
a  boundary,  one  can  measure  its  normal  impedance.  In  the  special  case  of  surface  intensity  instrumentation, 
with  one  microphone  and  one  accelerometer,  the  impedance  is  given  directly  by  the  frequency  response 
function  from  velocity  to  pressure:  Z(f)  =  H^if). 

Measurement  of  incident  sound  intensity 

The  common  feature  of  all  the  standard  methods  for  measuring  incident  intensity  is  that  the  form  of 
the  incoming  sound  field  must  be  known  beforehand.  Outlining  a  method  to  determine  the  incident  intensity 
of  a  truly  arbitrary  field  was  attempted  in  [2]  and  a  more  complete  account  was  given  in  [3].  The  development 
was  based  on  the  possibility  opened  by  the  intensity  techniques,  of  obtaining  directly  the  impedance,  or 
complex  velocity  as  well  as  pressure  distributions,  on  a  boundary  between  two  media. 

An  arbitrary  sound  field  incident  on  a  boimdary  produces  pressure  p{x,y)  and  velocity  u,{x,y)  on  the 
surface.  By  the  principle  of  reciprocity,  the  pressure  can  be  decomposed  into  blocked  pressure  where  p^ 
is  the  incident  pressure,  and  rotated  pressure p^,  which  is  produced  by  the  surface  vibrating  with  velocity 
distribution  u,.  The  inddent  pressure  and  the  field  (point)  impedance  at  the  surface  arc  then  given  by 

p,(x,y)=  1/2  \p(.x,y)-pJjK,y)]  and  Z^y)=  pjx,y)lu{x,y)  (3) 

The  complex  distributions  of  pressure  p(.x,y)  and  velocity  v,(x,y)  on  the  surface  can  be  measured.  For  solving 
the  inddent  pressure p,(x,y),  one  needs  the  radiated  pre88urep„^(x,y).  On  a  plane  surface  it  can  be  computed 
firom  u(,x,y)  using  the  Rayleigh  integral.  The  inddent  power  is  given  by 

n,=  l/Re{ZJ  JUp,(x,y)hdrd)'  (4) 

where  is  the  radiation  impedance,  defined  by 

/  J/,|ii>,y)!*dxdy  (5) 
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Figure  2 — Test  arrangement  in  the  structural  impedance  experiment:  a  steel  beam,  excited  by  a  shaker  at  one 
end  and  haivily  damped  at  the  other  end,  and  an  array  of  four  accelerometers. 
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The  practical  measurement  of  the  complex  distributions  p(x,y)  and  u(x,y)  [or  2Hx,y)]  require  a  common 
time  origin,  implying  synchronised  acquisition  at  all  points.  If  this  is  done  sequentially  in  time,  a  stationary 
field  and  good  coherence  to  an  external  reference  position  are  necessary.  In  the  latter  technique,  data 
acquisition  consists  of  the  frequency  response  functions  from  the  reference  signal  to  a  single  transducer  in  one 
measurement  position  at  a  time.  When  using  surface  intensity  instrumentation,  the  frequency  responses 
Hgjix,y)  and  HfJ.x,y)  to  the  pressure  microphone  and  the  accelerometer  signals  are  determined.  With  acoustic 
intensity  instrumentation,  one  measures  the  frequent^  responses  to  the  two  pressure  microphones.  Thus 
pressure  distributions  p,v*,,y)  and p^(x,y)  are  acquired  in  the  form  Hg^(*,y),  t  s  1,2  for  two  different  planes  s, 
and  z,,  with  d  =  z^~2y  The  finite-difference  approximation  gives 

HJx,y)=  1/2  (1/J*,y)  +  H*j(*,y)]  and  H-Jx,y)=  1/jeopd  [H^,(x,y)-H^{x,y)]  (6) 


Measurement  of  bending  wave  impedance  and  reflection  coefficient  in  a  beam 

As  in  acoustics,  the  structural  intensity  methods  can  also  be  extended  to  the  determination  of  the 
mechanical  impedance.  The  impedance  at  a  point  of  the  mechanical  wave  field  is  defined  as  the  ratio  of  the 
force  and  motion  type  quantities.  In  a  bending  wave  in  a  beam  there  are  two  quantities  each,  which  results 
in  an  impedance  matrix  of  four  different  combinations.  As  far  as  energy  transmission  is  concerned,  it  is  natural 
to  concentrate  on  the  two  diagonal  terms  of  the  matrix  which  are  directly  related  to  the  two  components  of 
bending  wave  power:  the  force  impedance  and  the  moment  impedance.  The  force  impedance  relates  (the 
Fourier  transforms  of)  the  shear  force  S  to  velocity  v  and  the  moment  impedance  relates  the  bending  moment 
M  to  angular  velocity  w: 


Zs(/)=  S{f)lv{f)  and  ZJf)=  MWuKf) 

These  may  be  expressed  as  functions  of  velocity  and  its  spatial  derivatives; 

B  1  a’p  B  1  d*c 

Z-=  —  —  -  and  Z„  =  -  —  - - 

jti)  l>  dx*  j©  dv/dx  ftt’ 


(7) 


(8) 


whereB  is  bending  stiffness.  In  addition,  the  concepts  of  wave  force  impedance  and  wave  moment  impedance 
may  be  introduced  in  the  farfield  of  an  infinite  beam.  Taking  directly  the  spatial  derivatives,  in  the  specific 
case  of  a  single  freely  propagating  wa'’e,  the  wave  impedances  become 

Zjj  =  A’B/w  /md  =  kB/(o  (9) 

Using  the  (  ■  ession  k*  =  where  m  is  mass  per  unit  length,  one  gets 

Z^=  and  Z„=  m^B^tr"  (10) 

Thus  the  wave  impedances  are  independent  of  the  field  quantities,  and  are  functions  of  the  wave  direction 
and  the  material  (and  geometrical)  properties  of  the  beam  only. 

For  determining  the  impedances,  their  estimates  are  basically  given  by 

Inserting  the  expressions  of  the  other  field  quantities  in  terms  of  velocity  and  evaluating  the  cross-  snd 
autospectra,  one  obtains  (for  force  impedance) 

^  2B  3Gj,-3G^+j6Im{G„l  +  G„— Gj, 

*  ~  JuJp  G„  +  G„  +  2Re{GJ 
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Figure  3 — Point-by-point  map  of  the  raw  normal  impedance  above  the  wool  surface  measured  with  the  two- 
microphone  technique,  providing  a  qualitative  view  over  the  spatial  variations.  Field:  free  plane  wave  of 
normally  incident  pulses. 

and  a  similar  heavy  expression  for  which  both  consist  of  2  autO'  and  5  cross-spectra.  These  spectra  should 

all  be  measured  simultaneously  with  a  4-channel  FFT  analyzer. 

However,  in  a  staticnary  situation,  when  neither  the  excitation  nor  the  dynamic  properties  of  the 
structure  change  during  tb  ^  measurement,  the  simultaneous  measurement  using  a  d-trans-ducer  array  can 
be  avoided.  The  velocities  can  be  measured  sequentially,  one  atatime,witha  2-channel  FFT.  Then  one  again 
applies  the  frequency  response  method  [7]  wldch  makM  use  of  a  reference  signal.  If  the  serial  acquisition  is 
applicable,  the  impedances  become  simpler  to  process: 

Z.=  -  — - - - - - -  and  = - ^ ^  (13) 

*  jwtP  2j0)d 

When  the  vibration  energy  propagates  i  n  one  dimension  onl  v,  the  structural  intensity  methods  can  also 
be  extended  to  the  determination  of  the  reflection  coefficient.  Jsing  the  analogy  between  the  frufield  of 
bending  waves  and  the  one-dimensional  acoustic  field,  more  compact  results  than  those  available  in  the 
literature  can  be  achieved.  Hie  reflection  coeflScient  for  the  bending  wave  in  a  beam  can  be  defined  on  the  basis 
of  the  wave  equation.  Its  solution  has  four  terms;  e.g.  for  the  velocity,  the  incident  and  reflected  wave  terms 
p,  and  and  the  respective  nearfield  terms.  Hie  reflection  coefifidrat  is  a  2  x  2  matrix:  (n,) = lR(f)]  (0(1.  Usually, 
however,  one  is  interested  in  the  farfield,  where  only  the  terms  o,  and  o,  are  significant.  Then  the  reflection 
coeffident  refers  to  the  farfield  lerm  of  [jR],  or  in  this  case  o,  =  R(f) 

For  measuring  the  reflection  coeffident,  one  can  use  the  acoustic  duct  solution  for  plane  sound  waves 
by  Chung  and  Blaser  [8].  One  easily  sees  that  this  effident  expression  applies  to  beams  as  well.  Adapting  the 
subscript  notation  to  the  4-accelerom(<ter  array, 

«,(/)  =  (»■„(/)  -  e-J*^  /  (e^  -  H„(f)]  (14) 

The  result  refers  to  position  3.  This  equation  is  not  restricted  by  the  finite-difference  approximation,  but  it 
is  restricted  to  one  dimension  and  the  farfield  only. 

In  a  one-dimensional  (far)  field  there  exists  a  simple  relationship  between  the  impedance  and  the 
reflection  coeffident.  Hiis  provides  an  alternative,  indirect  way  of  determining  the  impedances  via  the 
estimated  reflection  coefiSdent.  The  results  are: 

ZJif>^  11  ~Ry[l*R]Zst  =  +  (15) 
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Figutt  4  -  -Point-by-point  map  cf  the  normal  impedance  of  the  window  surface  (1st  pane,  incident  side) 
providing  a  qualitative  view  of  the  spatial  variations.  Field:  free  plane  wave  of  normally  incident  pulses. 
Normalised  impedances,  with  log  magnitude  tn  dB  re  1 . 


EXPERIMENTS 


*.  The  acoustical  impedunce  and  the  incident  intensity  techniques  were  both  tested  with  two  spectmens 

i  common  in  bui'ding  ncousiics:  a  patch  of  mineral  wool  and  a  two-pane  window  (Fig.  1).  The  wool  area  was 

1.2  X  1.2  m*  and  thick  'tess  ^0  mm.  The  patch  was  lying  on  the  h  ard  floor  in  an  ordinary  laboratory  room.  The 
I  sound  field  consisted  -'iiorfoally  incident  plane  wave  pulses.  The  effects  of  reflections  were  removed  firom 

I  subsequentprocessing  /suitable windowing. Thetwo-microphoneintensityprobewithaSOmmspacingwas 

i  placed  on  the  wool  surf.]-. :  using  a  measurement  grid  of  6  x  6  positions.  In  the  incident  intensity  test,  the 

(  loudspeakerinputwasiH'.''^  asthenecessaryreferencesignalforconstructingcomplexpressuredistributions. 

I  The  giess  area  of  the  'jvindow  was  1.2  x  1.2  m*  and  the  air  space  between  the  two  4  mm  panes  was  100 

I  mm.  It  was  mounted  in  the  partition  wall  in  a  laboratory  transv^nssion  >  vute.  Hie  exciting  sound  field  was 

I  again  normally  incident  plane  wave  pulses.  The  effects  of  tv .  srberauon  were  again  excluded  by  datv. 

I  windowing.  The  impedance  measurements  were  repeated  usingalsodiffusefieldez'itation.Bi'th  acoustic  and 

I  surface  intoosity  transducers  were  used  in  the  signal  acquisit'on.  Measurements  were  taken  on  a  grid  of  5 

I  X  5  positicns  on  the  surface  of  the  incident  .Mde  of  the  window.  The  loudspeaker  signal  served  again  as  the 

I  phase  reference  for  the  complex  distributions. 

I  The  structural  intensity  methods  were  tested  with  a  bending  wave  propagating  in  a  steel  beam  (Fig. 

*  2).  The  beam  was  excited  by  a  point  force  at  one  end,  and  it  was  damped  at  Uie  other  end.  i\n  array  of  four 

i  accelurometers  with  spacing  d  =  50  mm  was  fixed  in  the  middle  i<f  the  beam.  The  firequenqr  response  of 

I  accelerations  a,  and  a,  were  measured  with  a  i  chimnel  FFT  analyzer.  For  4-channel  measurements,  the 

}  firequeocy  responses  from  a  reference  signal  (the  input  force  signal)  to  the  accelerations  were  measured. 


I  RESULTS 

f 

I  Acoustic  impedance 

E  The  spatial  ^nations  of  the  normal  impedance  above  the  wool  nurface  are  shown  in  the  pointadse  map 

ft  of  Fig.  3,  meant  to  deliver  a  rough  qualitative  vision  only.  The  edge  and  comer  positions  differed  firom  the 

A  others,  especially  at  high  fiequencies.  Another  feature  was  the  instability  of  the  real  part  at  200  Hz.  Fig.  4 

B  shows  the  respective  variations  of  the  normal  impedance  of  the  window  surfisce  in  a  normally  incident  pulse 

R  field.  The  comparison  between  the  wool  impedance  obtained  with  the  two-microphone  impe^ce  technique 

K  and  two  conventional  methods,  the  standing  wave  tubeand  the  separr^tely  known  reflection  of  incident  pulses. 
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Figures  — Normal  impedance  of thewoolsurface  in  a  normatly  incident  (planeivave)  field,  comparison  between 

different  methods.  Spatial  average  over:  (left)  4,  (right)  16 centremost positions.  Method: - two-microphone, 

- pulse  reflection, - rapid  SW  tube. 
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Figure  6 — Examples  of the  normalised  surface  impedance  of  the  window.  Excitation:  (left)  normally  incident 
pulses,  (right)  diffuse  field;  Processing: - at  the  centrepoint, - averaged  over  the  25  positions. 

is  shown  in  Fig.  5.  The  agreement  between  the  curves  was  fairly  good  firom  200  Hz  upwards,  and  ezcellent 
between  the  tube  and  new  methods  between  500 Hzand  1.6  kHz.  The  result  was  satisfactory,  bearing  in  mind 
the  tmcertainties  involved  in  both  the  conventional  methods. 

In  the  early  tests  with  the  window,  the  acoustic  two-microphone  technique  failed  completely  to  detect 
correctly  the  velocity  and  impedance  on  the  incident  side  of  the  window,  as  compared  with  the  direct  surface 
intensity  method.  Ihis  was  obviously  caused  by  iruufiSdent  dynamic  range:  t^ng  to  measure  the  normal 
velocity  of  a  nearly  hard  surface  is  a  most  adverse  test  for  the  two-microphone  technique.  Ihe  pressure- 
intensity  index  exceeded  20  dB  for  most  frequencies,  indicating  that  the  intensity  technique  cannot  operate 
reliably. 

Examples  of window  impedances  detected  using  the  surface  intensity  instrumentation  are  shown  in  Fig. 
6  for  the  two  different  excitations.  The  impedance  responding  to  the  diffuse  field  was  stabler  and  its  phase 
nearer  to  that  of  a  pure  mass  for  most  frequencies. 

Incident  intensity 

The  new  method  ofmeasuring  the  incident  intensity  through  reciprocity  was  assessed  by  comparing  the 
absorption  coefiBdents  obtained  with  the  new  method  and  the  conventional  hard-surface  pressur^oubling 
method.  The  prindpal  test  of  the  new  method  is  seen  in  Fig.  7.  The  actual  comparison  should  be  confined  to 
thefrequency  range 200 to 800 Hz,  limited  by  chesoundsource  and  thespatialsamplingresolution.  The  result 
of  the  comparison  was  encouraging.  The  new  method  was  able  to  produce  curves  which  followed  reasonably 
dose  the  results  of  the  traditional  method,  up  to  its  limit  of  validity. 

In  Fig.  8,  estimates  for  the  incident  intensity  are  plotted,  and  compared  with  the  method  of  halving  the 
pressure  on  the  window  surface.  The  comparison  showed  a  fair  agreement  between  the  new  method  and  the 
conventional  hard-surface  estima'o  in  Uie  range  100  to  500  Hz.  The  difference  was  of  the  order  of  3  dB,  with 
the  new  method  detecting  more  n.  >wer  coming  towurds  the  window.  Furtiier  up  the  two  curves  practically 
coindde.  The  result  was  reasoi  able:  The  apparently  tedious  and  cumbersome  method,  of  measuring  the 
inddent  intensity  without  pp.»i!  knowledge  of  the  incoming  sound  field,  seemed  to  work  wiUi  a  promising 
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Figure  7 — Absorption  coefficient  r^ttu.  wool,  measured  using  the  new  incident  intensity  method,  and  compared 
with  the  conventiorud  reflection  method.  The  absorbed  intensity  in  both  the  curves  is  the  same,  fimn  an  ordinary 

intensity  measuremetU.  Incident  interuityfrom: - pressuremhard  floor, - thenewmetfwd.  Spalialsums 

over:  (left)  16  centremost,  (right)  all  36  positions. 


Figure  8 — The  incident  interaity  of  the  window,  ctdculated  with  the  new  method,  Eq.  ( 4), - ;  compared  with 

other  methods - Comparison  with:  (left)  the  pointwise  estimate  from  Eq.  (3),  (right)  the  classical  hard- 

surface  pressure  estimate.  Average  interuities  in  dfi  ic  1  pWm-VHz. 


accuracy  in  the  tested  cases.  The  deviation  found  was  in  the  correct  direction;  the  classical  method  is  known 
to  underestimate  the  incident  power  at  low  firequendes. 

Structural  impedance  and  reflection 

The  estimated  reflection  coefiSdent  of  the  beam  from  Eq.  (14)  is  shown  in  Fig.  9.  The  impedances  were 
calculated  with  two  different  methods.  The  first  approach,  Eq.  (13),  uses  the  finite  diflerence  approximations 
for  the  field  quantities.  The  second  method,  Eq.  (15),  is  based  on  the  reflection  coefifident  measurement.  The 
results  are  compared  in  Fig.  10.  The  main  diflerence  was  that  the  impedance  estimates  based  on  the  reflection 
coefifident  seemed  smoother;  obviously  because  they  require  only  one  measured  firequency  response  fimction. 

The  actual  impedances  at  a  position  of  the  beam  should  vary,  as  functions  of  fr^uency,  around  the  base 
curves  of  the  wave  impedances.  This  behaviour  is  illustrated  in  Fig.  9,  where  the  force  and  moment 
impedances  and  the  corresponding  wave  impedances  are  shown  overlaid. 

CONCLUDING  REMARKS 


'Ihe  results  with  the  acoustic  impedance  tests  were  in  line  with  the  other  experiments  reported  in  the 
literature:  In  basic,  neariy  ideal  conditions,  the  two-microphone  method  gave  an  estimate  which  was  in  good 
agreement  with  those  of  the  two  conventional  methods,  from  200  Hz  upwards.  The  inddent  intensity  method 
was  tested  in  two  cases  and  compared  to  an  independent  conventional  method.  The  results  were  in  fair 
agreement  in  the  expected  fi%quency  range.  Hie  differences  were  within  the  known  inaccuracy  of  the 
conventional  method  and  the  systematic  difference  observed  in  the  case  of  the  window  was  in  the  correct 
direction. 

Ideas  based  on  acoustical  two-microphone  measurements  were  applied  to  bending  wave  fields  in  beams. 
Three  procedures  were  described  for  estimating  the  impedance  of  bending  waves.  They  ware  based  either  on 


1  Figure  9 — (Left)  Estimated  reflection  coeffident  at  positions  3  ( — )  and  2  ( — ),  from  Eq.  ( 14).  (Right)  The 

estimatedfarfiMimpedmces( — ),Eq.(lS)ptottedtogethermththeu)aveimpedances( — ),Eq.(10).Upper: 
force  impedmce,  iMMr:  moment  inqtedance.  Magnitude  th  dB  re  1  Nm/r*. 


Figure  10 — (Left)  Force  impedance  and  (Right)  moment  impedance  estimates  at  array  midpoint,  ( - )  from 

Eq.  (13),  and  ( - )  from  Eq.  (IS).  Upper:  magnitude  in  dB  re  1  lower:  phase. 

finite  difference  approxiniation  of  four  acceleration  signala  or  on  the  known  wave  impedance  and  the 
estimated  reflection  coeCSdent  The  last  approadi  is  restricted  to  the  farfield  regions  but  it  is  the  simplest 
requiring  only  two  acceleration  signals.  In  the  experiments  it  appeared  to  give  the  most  reliable  results. 
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AISTRACT 

The  aio  ol  this  oaper  is  to  present  the  eneroetic  description  of  the  sound  field 
and  the  first  results  of  the  expcriaental  investigation  using  the  space  intensity  sen¬ 
sor.  He  offer  aulti  eleaents  acoustic  sensor  that  gives  the  opportunity  to  find  the  so¬ 
urce's  paraaeters  (distance  betaeen  the  observer  and  the  source,  direction  to  the  sour¬ 
ce.  pouer  of  radiation,  it's  auitipole  type).  It  is  very  laportant  for  diagnoses  of  na¬ 
tural  sources  and  technique.  Hethod  of  intensity  sensor  calibration  uhich  allous  to  cor¬ 
rect  aaolitude  and  Phase  inaccuracy  uhile  coaputer  treataent  in  proposed.  The  results  of 
the  aeasureaents  of  the  sound  auitipole  source's  paraaeters  are  presented.  The  test's 
exoeriaental  data  correspond  uell  to  the  real  controlled  paraaeters. 

INTRODUCTION 

In  the  last  tiae.  due  to  aodern  eeuipaent,  aethods  of  sound  field  investigation, 
based  on  deteraination  of  acoustic  field's  energetic  paraaeters,  spread  uidely  tl-31.  On 
the  one  hand,  the  inforaation  of  field's  energetic  structure  has  fundaaental  character, 
on  the  other  hand,  it  is  very  laportant  for  diagnoses  of  natural  noise  sources  and  tech¬ 
nic. 

The  investigation  of  the  coaplicated  uave  field  energetic  structure  is  a  nea  area 
in  air-  and  hydroacoustics.  It  is  called  sound  intensity  aethod.  Hith  aodern  equipaent 
not  only  sound  pressure,  but  spatial  distribution  of  energetic  field  characteristics  aay 
be  aeasured.  This  possibility  is  based  on  the  exploitation  of  the  aultichanal  systeas 
for  inforaationai  treataent,  ahich  ae  shall  discuss  later.  The  cases,  ahen  the  'radiated 
aave  field  is  the  result  of  the  aave  systes  interference,  are  to  be  of  the  nost  lapor- 
tance. 

These  probleas  are  connected  aith  acoustic  diagnostic  of  technical  objects  and  na¬ 
tural  sound  sources,  or  aith  developaent  of  sound  absorption  aethods,  or  aith  deteraina¬ 
tion  of  sound  characteristics. 

THEORETICAL  CONSIDERATION 

The  sound  intensity  aethod  is  based  on  the  several  physic  pretonditions  (41. 

The  noise  acoustic  field  is  tnoan  to  be  described  by  statistical  aethods  aith  using 
of  corresponding  aoaents  of  the  occasional  field  quantities.  Let  us  suppose  that  the 
process,  that  ae  shall  regard,  ts  established.  Then  the  aain  characteristic  to  be  aeasu¬ 
red  is  the  paired  correlittion  function,  aith  ahich  spectral  densities  of  the  acoustic 
field,*  energetic  characteristics,  for  exaaple.  densities  of  potential  11  and  kinetic 
energy  JC.  energy  floa  density  vector  S.  are  connected. 
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The  wave  field  eneroetic  structure  can  Be  characterized  entirely  Bv  the  »ovino  li- 
QuiBS  ener^v-iionentuK  4-tensQr.  That  is  whv  the  Quantities  H.  K.  S  role  is  so  fundamen¬ 
tal  , 

The  classical  aoBroach  aives  the  momentarv  maonitudes  of  this  tensor  comoonents: 


P  If'  p' 

-t  =  t;00  =  ^  =:  K  4  n. 
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''’ap  °  ''  Po^a^p  "  ^ap. 


=  -  X. 
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These  ouantities  determine  acoustic  noise  tield  thin  eneroetic  structure  entirely.  Here 
the  comoonents  X  ^  are  oroportional  to  the  momentum  flow  density  vector  s  comoonents 

a  a  2  oa 

PUjj.  The  acoustic  enerov  flow  density  is  oetermined  ov  S  =  Du  ~  c  X  .  Here  c  -  souno 
velocity,  -  nonoerturbated  substance  density.  To  synonymous  char  act er i z i no  of  the  in 
vestioatino  wave  field  it  is  necessary  to  know  ouant i ti es  11 .  K.  S.  •  4S  they  determi¬ 
ne  the  soectral  densities  of  corresoondlng  energetic  characteristics.  That  is  the  Basis 
of  the  sound  intensity  method,  because  these  Quantities  may  be  determined  exoer i mental - 
Iv  and  include  the  information  about  amolttude  and  ohase  of  wave  field  characteristics. 

Finally,  let's  point  that  the  significant  oart  of  noise  investigating  results  rela¬ 
tes  to  the  far  sound  field.  Pressure  level  is  a  good  descrlotlon  of  it.  In  the  region, 
where  sound  oressure  and  vibration  velocity  in  a  samblinu  point  have  the  ohase  coinci¬ 
dence.  there  the  mam  energetic  characteristics  nay  be  determined  bv  measuring  of  the 
oressure  level  under  the  certain  direction  to  the  source.  In  the  close  field  the  situa¬ 
tion  becomes  essentially  comolicate.  because  of  the  interference  effects.  These  effects 
appear  due  to  the  defined  ohase  correlations  and  geometrical  sources  distribution  influ¬ 
ence  to  the  field  structure  features.  Therefore,  to  describe  the  close  area  sound  field 
completely,  one  has  to  determine  the  acoustic  oressure  level,  so  the  other  field  charac¬ 
teristics.  It  means  that  exceot  IT,  we  should  know  the  level  of  K.  S. 

According  to  the  determination.  SCUJ  is  the  intensity  noise  field's  soectral  densi¬ 
ty  vector  and  it  mav  be  written  as  pfWJu* fCO) .  where  asterisk  is  the  sign  of  comolex  con 
jugation.  Such  orese''tation  is  not  occasional.  Since  vector's  comoonents  are  obviously 
related  to  amplitude  and  ohase  of  oressure's  and  velocity's  Fourier-comoonents,  so  their 
assignment  can  supply  determine  the  field.  The  physical  sense  of  real  (active)  and  ima¬ 
ginary  (reactive)  S-vector's  comoonents  is  oulte  obvious:  I  =  SfUJ  characterizes  the 
orocess  of  acoustic  energy  propagation  in  medium  and  is  normal  to  the  souno  wave  cons¬ 
tant  ohase  surface;  Y  =  ImSfWJ.  that  includes  the  information  about  the  ootentlal  ener¬ 
gy  field's  spatial  density  distribution,  i.e.  sound  oressure  level,  is  normal  to  the  eo- 
ual  level  surface  of  the  acoustic  pressure.  Hence  it  appears  an  interesting  oropertv 
which  can  be  easily  realized  in  close  wave  area:  the  wave  field  is  able  to  create  the 
vortex-type  structures  in  the  spatial  domains,  where  I  and  Y  vectors  are  noncolinear. 

The  simple  analysis  points  that  vector's  components  satisfy  the  following  equati¬ 
ons: 


diu  I  =  z  -  X  ),  rot  I  =  20; 

dtt;  Y  =  0)fK  -  H).  rot  Y  =  0. 


(2) 


(  I  ) 

Here,  the  sound  sources,  characteri zed  by  bower  n  ,  also  as  the  absorbers,  are  suo- 
posed  to  be  localized  in  the  spatial  regiens,  which  are  small  in  comoarison  with  the 
characteristic  spatial  scale  of  the  wave  orocess.  So  thev  can  be  spatially  localized 
by  delta-functional  approach. 

The  equations  (2)  show  that  the  combined  measuring  of  both  active  and  reactive 
components  of  the  acoustic  energy's  flow  density  vector  permits  effective  detection 
of  the  acoustic  sources. 
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£NERGET!C  STRUCTURE  OF  ACOUSTIC  FIELD  NEAR  SOURCES 

We  investigate  the  soacs  distribution  oF  the  energy  char actari sties  near  the  siuUi- 
oole  scurtes,  as  well  as  we  illustrate  a  nu«ber  oF  tvoical  eiaaoles  nf  the  connection  oF 
these  characteristics  Hith  actual  oaraneters  nF  sources  151. 

As  we  have  eentioned  betore.  the  coaolex  structure  cF  near  source  iield  allows  to 

use  the  vector  of  energv  density  Flowi  S  =  StW)  =  Fi(j))  v  <(i5)  -  I  <•  iY. 

Let  the  notion  oF  the  nediun  near  the  conoact  source  be  sinaulariv  describad  bv  the 
velocilv  ootential.  In  accordance  with  the  cause  orinciple,  the  noiind  source  Forns  in 
the  nediun  a  separate  spherical  wave  oF  tne  velocity  potential,  and,  conssouently .  the 
oressure  since  the  potential  satisFies  the  wave  eouation.  Having  t.ns  circunstance  in 
nind.  It  IS  not  diFFicult  to  show  tnat  there  exists  the  correlation  between  the  radial 
velocity  and  the  oressure: 


uir,  ti 


P<r.  ti 

~W~  * 


Pir.t'l. 


(5! 


wnerei  p  is  the  densitv  oF  air,  v  is  the  velocitv  oF  sound,  r  is  ‘.he  distance  between 
ooint  oF  source  ano  point  of  observation. 

in  eo.lj)  the  First  neaber  is  wave  conbonent.  and  decreasing  in  accordance  with  tne 
condition  oF  radiation  and  eoua!  to  cower  Flow  oF  energy  raoiateo  Froiti  the  source., 

in  eo,  (3)  the  second  su«  oescriees  hvd.'oovnanics  notion  oF  the  nsediua.  not  ccnnec- 

•> 

ted  with  the  wave  ororess  of  energy  transference,  and  decreasing  is  coaoarable  to  r".  It 
describes  a  "fur-coat”  round  the  source.  To  oe  sure  o4  this,  one  should  out  o  — <  »  ir 

eg.  (3)  (i.e.  hvdrodvnaioics  aboroxioation) .  In  this  apb-ovinotion.  thw  second  nenber  in 
eo.i3)  IS  non-aero.  unlike  the  First  one. 

Bv  using  Fourier-transFormatlon  of  eg.(3>,  the  Fourier  coaponents  of  velocity  anc 
oressure  are  connected  bv 


t'"' 


1 4 .1 


wnere:  Je  =  Wi  a  is  the  wave  nuaoer.  Eauation  (3i  shows  the  ohvsical  sense  of  onaae  ®is- 
aaten  between  Fourier  coauonentj  of  velocitv  and  oressure.  The  chase  .aisaairh  also  shjwc 
that  there  also  exists  non-wave  conoonent  of  the  medium  motion  near  the  source,  /.hicn  is 
not  connected  with  energy  radiation.. 

Having  considered  P-V  connection,  following  From  the  linear  eouations  hvdrofvn.i- 

n  o  i  * 

mics.  S  -  vector  can  oe  oresented  in  the  fora:  S  ““  pg  ffT'ad  P  .  Omitting  the  cal jii- 

ons  we'll  demonstrate  the  Final  result.  For  toe  multioole  source  of  (.one.  it  vieids: 


s  = 


ik^  IM 


PW  [  12L  *1)  I  '  1 


+  n  «  '  r  ^  ‘ 


'’’iJtnr  ill)  grad  in  \hr)Y*  ill)] 

Lm  L  Lm 


}• 


<5) 


(1.2) 

here  !l  “  (iD  -  Hankel  's  Function  of  orders  one  and  two.  Y,  (11)  -  soherical  functions. 
L  Lm 

n  =  X,' r  -  unit-vector.  M.  -  debit  of  source. 

Lm 

For  the  aim  of  this  work  the  exoression  is  basic.  „  2 

Let  5  use  tne  convenient  Form  of  the  grad-  ooeraton  i.e.  grad  =  6^3^  --  tCl.LT/r  . 

The  ooerator  of  momentum  of  motion  ouantitv  L  =  -  i  iZ.grad]  affects  onlv  tne  angle  va¬ 
riables. 

The  radial  comoonent  or  vector  S.  according  to  bo.(5).  can  be  exoressed  in  tne 

Form: 


l‘|r  1= 

*  a  *  *  !  m  * 


S,  =  (6  •  S)  =  - n  ikr). 


ir) 


PO)  £  (  2L  +  1  )  '  !  r 


(6) 
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Here  was  used  the  aDornxiaation.  received  iron  the  Hornulai 

=  h^‘>  h,^2)  ^  I  ^  ^ 

l^L*  ’’l"  Bessel's  and  Neimann's  soherical  functions).  The  eKoression  is  correct  for  anv 
neaninQ  of  the  arounent  z  °  kr. 

Non  Me  shall  calculate  the  conoonent  S.  whicn  is  orthoaonal  to  the  vector  X,  Everv- 
Mhere  we  supoose  sunning  bv  reoeated  index  fros  1  to  3.  „ 

The  second  sun  of  ^Od-ooerator  is  convenient  to  write  in  conoonents- {£^.^  Ly  rT 

where  svnnetric  tensor  of  3-rang.  The  conolex  funoanental  3-vec¬ 

tors  a,,,  which  oive  definite  advantaoe  in  calculation  with  the  soherical  functions, 
are  connected  with  the  cartesian  coordinate  unit  vectors  bv: 


a  =  a  : 
0  2 


-  (a  *  la  )/"/?: 

XV 


e-1  = 


with  the  conditions:  dn's,, 

t* 


Taking  into  account  this  conditions,  the  relation  is  written: 

u,,y,  =  (-1)^^  ■/TTl+TT  (l,  1.  ntu,  -m-Il.  niy  ts) 

^  Lft  L  OT|ib 

Here  (L^<  L2.  n^.  n^  |l  n)  are  the  vector  addition's  coefficients  or  the  Clebshe- 
Gordan  coefficients.  Takino  into  consideration  Y*  =>  i-l,  Y.  and  the  orooerties  of 

U®  U  a 

svAsetrv  for  the  Clebshe-Gordan  coefficients,  the  exoression  (S;  can  be  sinolified. 

Then,  in  view  of  general  exoression  for  the  S-  vector  (5).  as  stated  above  exores- 
sing  angle  variable  -  ooerator.  and  also  that  can  be  given  in  tne  fora 

Ta  =  y^lU/ST*  y  ft  the  tanoential  coaoonents  of  vector  S  can  be  obtained  in  the  followino 
t'  *P  ■ 


^tr,  =  P0)r 


L(Lti)  y,  y,  ,,y  . 

_ la  IP  L.-gaL 

pw  r  1 1 21.  +  1 )  •  ’  r 


(1,  1.  a.  -fi.  P|l.  a). 


In  this  forauia  we  suooose  suaaing  bv  reoeateo  indexes.  The  relations  16).  t9i 
present  orecise  exoressions  for  the  S-vector  coaoonents  troo  the  oultioole  source  of  or¬ 
der  L. 

in  soite  of  unwieldy  aooearance  thev  are  highlv  inforoative. 

It  IS  not  difficult  to  see  that  energy  flow  vector  coooonents  can  generally  contain 
both  real  and  inaginarv  carts.  It's  ohvsical  aeaning  was  discussed  earlier. 

The  analysis  of  tne  exoressions  16),  (9i  shows  that  thev  contain  the  aoount  of  in- 
foraation  sufficient  to  deteraine  the  coordinates  and  the  orientation  of  the  aultioole 
sound  source  in  tne  ssace.  First  of  all  it  ts  oossible  to  solve  this  oroblea.  because 
the  real  I  and  laaginarv  Y  parts  of  the  S-  vector  are  not  collinear  in  anv  ooint  of  soa- 
iie  observation.  For  cxaaple.  in  the  spherical  systen  of  coordinates  lor  the  dioole  sound 
source  tht  carts  are  defined  bv: 


T  -  P 

Dai  ^i/w  f  j 

Y  -  p  _ f 


f  £ . 

f 

1  *»  J  ^ 

r  t 

_ L  iS—  1 

1  -,3 

1 

-  1  W  f  ■! 

r®"  J 

V  ^1  e  IV 

-2  „3j 

1  1 

wnere  Ad.  d-  is  the  distance  between  the  ooint  sources  of  the  saae  proouctivitv  A. 
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The  non-trivialiti'  oT  this  type  oi  source  sound-TielO  structure  results  the  non-eoualitv 
oT  r'Otl  to  zero! 

i#2fc2 

Curl  I  =  e,,,  — - r  Sin  2'0.  (U> 

‘t'  !6tf  PO) 

It  IS  looortant  to  note,  that  in  such  sound  fields  the  eotion  of  aediun  particles 
15  realized  by  ellipse  trajectory  and,  in  ocher  words,  the  velocity  vector  in  the  field 
oresentatlon  rotates  along  the  ellipre  plane. 

It’s  easy  to  see  iron  the  equations  (10),  (11)  that  by  neasuring  the  dipole  sour¬ 
ce’s  sound  field  vectorial  energy  characteristics  eagnitude  and  direction,  one  can  obta¬ 
in  the  source  locatiuo  in  full  voluae.  In  particular,  to  solve  his  problea  we  can  use 
calculation  foraulae  deterained  by 


1  +  ikrr 


|Curi  I|  2fe(Jtr)‘‘ 


|I|  III 

- 5— i  - =  ct^  .112) 

Coa^t  |curl  I|  ^ 


where  ff  -  is  the  oower  of  a  the  dipole  source.  The  direction  to  the  dioole  source  is  de¬ 
fined  bv  the  direction  of  I-vector.  the  plane,  in  which  the  source  is  oriented  in  the 
Plane  of  (I.Yl-vectors,  the  distance  rand  the  angle  'Oof  the  dipole’s  axis  to  the  di¬ 
rection  I-vector  can  be  tound  froa  eouation  (12). 

An  interesting  suopleaent  of  the  conducted  general  consideration  is  the  possibility 
to  deteraine  the  type  of  the  source  due  to  aeasurtng  of  vectorial  energy  characteris¬ 
tics.  To  clarify  the  essence  of  the  question,  let  us  consider  the  case  s  =  *r  C  1.  From 
the  exact  oresentation  (7)  we  can  find: 


i2  .s,  f  (L  +  1)  C  (2L  +  1) !  '3^  1 

I  ‘-[ - - j 


Then  froa  (6)  we  obtain  the  expression  for  the  radial  cooponent  of  intensity! 


pCl)  [(21  i  1)’  'J^  U 


(L  t  1)  t (2L 


Further  it  is  not  difficult  to  see,  that  bv  the  frequency  deoendence  of  the  functi- 


2((i))  =  |SeS|^j(z)|/  |lmS(^j(z)|. 


the  useful  information  can  be  acquired  about  the  order  of  multioole  of  the  source.  Real¬ 
ly,  we  obtain 

2(Uj)  /  '  (Uj  /  (16) 


Here  L  -  is  the  multipole's  order  (L  =  0  -monooole  source.  L  =  1  -  dioole  source). 

It  should  be  noted  that  this  relation  is  applicable  in  the  range  of  low  freouenci- 
es. 


METHOD  OF  CALCULATION 


Me  offer  multi  elements  acoustic  intensity  sensor  that  gives  the  opportunity  to  de¬ 
termine  all  three  complex  components  of  S  -  vector.  So  it  is  oossible  to  find  the  sour¬ 
ce’s  parameters,  that  we  are  interested  (distance  between  the  observer  and  the  source, 
direction  to  the  source,  power  of  it’s  radiation),  and  it’s  multioole  type. 

The  acoustic  intensity  sensor  consists  of  four  isotropic  microphones  situated  in 
the  tops  of  tetrahedron.  The  results  of  the  measuring  are  calculated  to  the  center  of 
sphere,  describing  the  tetrahedron. 

The  characteristic  (directivity  pattern)  of  the  sensor  was  proved  to  be  isotropic 
in  space.  It  means  that  never  mind  what  direction  we  choose,  the  sensor  determines  the 
quantity  and  direction  of  the  complex  S-  vector’s  components  equally  well. 
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Let  the  characteristic  acoustic  wave  lenoth  fulfill  the  condition  £  =  kl  «  1  (1  = 

aax  r  -  svsteo  size).  For  the  four-  sicroohones  svsten  this  oresentation  can  oe  written 
n 

oown  in  the  form  of  matrix  : 


?  =  a  P  . 
m  mj  oj 


P  =  a  ‘  P  . 

0]  jam 


p’^  =  |P(r,).  tfP(r^).  tfP(r^).  tfPiril. 

oj'O  xO  V  0  zO' 

where  P  -  sound  oressure  measured  bv  the  microohone  number  m.  CX. 


coefficient. 


deoends  upon  the  geometry  of  the  system. 

The  matrix  system  ll7)  yields  the  Quantity  of  Fourier-  combonents  of  sound  oressure 
and  the  projections  of  the  oscillating  yeiocity  on  the  coordinating  axis  in  the  ooint  of 
obseryation.  Now  it  can  be  written  down  in  this  wav: 

Pi 7*0)  =  (  Pj  +  Pj  +  Pj  t  P^) . 

P'f*  '  '  — - —  <  -  J*.  +  -  P,  +  PJ- 

*  °  X  0  poVa’d  12  5  4 

1  1  '‘®’ 

V  >.r  >  =  7;^  a  P(r  )  =  — ■ —  t  -  P,  +  P,  +  P.  -  P  ). 

VO  PO)  y  0  1  2  c  4 

>  =  7^  <9  )  =  — - -  (  -  ?.  -  P,  ♦  P,  +  ?,). 

z  0  fXl)  z  0  12  3  4 


Here  d-  distance  between  the  microohones. 

Having  sound  oressure  level  determined,  one  can  obtain  ouantities  and  direction  in 
soace  of  vectors  ReS  and  laS.  It  is  oossible  to  do  with  the  helo  of  corresoondi no  algo¬ 
rithm  CSJ. 

The  knowledge  of  the  oointed  energetic  characteristics  of  field  affords  the  locati¬ 
on  of  source.  The  distance  -  r:  the  angles  of  the  orientation  -  6.(p;  the  oower  of  radia¬ 
tion  -  H:  multipole's  tyoe  mav  be  determined  (12),  (IS).  (16). 

HEASUR1N6  COMPLEX 

In  order  to  register  the  energetic  oarameters  of  the  acoustic  field  and  to  determi¬ 
ne  the  source's  oarameters,  measuring  comolex.  tha.  includes  multi  elements  intensity 
sensor  and  comouter,  was  assembled. 

Preliminary  measurements  have  been  carried  out  bv  using  the  emitters  of  monoDole’s 
and  dipole's  tvoe  in  the  anechotc  chamber  of  the  Department  of  Acoustics  at  the  Moscow 
State  University. 

Sound  source  has  been  situated  in  the  center  of  the  anechoic  chamber.  The  receiving 
system  was  out  in  some  distance  from  the  source.  The  acoustic  signals  from  the  source 
were  received  bv  four  identical  microphones  of  the  sensor.  Electric  signals  are  oropor- 
tional  to  the  acoustic  characteristics  of  the  field  -  pressure  and  signal  phase.  Numeri¬ 
cal  magnitudes  of  these  electric  signals  were  brought  in  the  comouter  to  calculate  ener¬ 
getic  oarameters  of  the  field  and  the  source's  characteristics. 

METHOD  OF  CALIBRATION 


It  has  to  be  noted  that  while  intensitv  measurements  extraordinary  exact  require¬ 
ments  on  the  exploited  equipment  are  applied.  That's  the  reason  of  high  attention  to  the 
calibration  method. 

While  measuring  the  equipment's  characteristics  -  amplitude  and  phase  -  were  cont¬ 
rolled.  Calibration  of  the  tracts  of  the  measuring  complex  and  the  receiving  system  has 
been  done  and  immediately,  the  important  role  of  amblitude  and  phase  inaccuracy  of  rece¬ 
iving  system  microohones  was  cleared.  This  lead  to  the  necessity  of  their  most  exact 
correlation.  Preliminary  microohones  calibration  was  carried  out  bv  pistonphone  of  "Iru- 
el  ti  Kjer".  Nevertheless,  because  of  the  limited  calibration  precision,  there  exist  some 
amolitude  and  phase  inaccuracy  that  is  not  inadmissible.  So  extra  exact  requirements  on 
amplitude  and  phase  correlation  of  microphones  is  necessary. 
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‘o  coffloensate  initroohonES  itiaccuracv.  we  createo  the  coniouter  orooram  tor  calcula¬ 
tion  amolltude  and  ohase  corrections  7  •  that  should  be  added  to  each  nicroohone  on  each 

'n 

treouencv.  This  aoDroach  is  based  on  tact  that  Mhile  turnino  the  receivino  svste*  -  in¬ 
tensity  sensor  -  around  one  of  the  axis  (center  coordinates  is  in  the  center  of  the  tet¬ 
rahedron).  the  S-  vector  coieoonents  theoretically  are  harmonic  functions  of  angle  tur¬ 
ning.  Received  data  were  conoared  with  loeal.  The  exoression.  allowing  to  calculate  cor¬ 
rections  7  • 

•n 


nffl 


0t 


'P  XI  +  7  )  . 
n  'n 


119) 


Here  C  -  matrix,  opoendino  on  the  system  aeometrv,  u  -  ideal  data.  P  -  measured 
n«  -  '  'n  n 

bressure.  7.~  amoiitude  and  ohase  microohones  corrections. 

'fl 

For  exaeole.  fig.l  oresents  imaginary  (imS)  oarts  of  S-vector  coooonents.  received 
bv  intensity  sensor  turning  around  the  z-axis.  without  and  with  amoiitude  and  onase  cor¬ 
rections  1  0  -  x-coaoonent  ImS.  ^  -  v-comoonent.  D  -  t-comoonent) .  Uninterrup¬ 
ted  line  IS  the  comouter  treatment  result  including  bv  (19)  amoiitude  and  ohase  correc¬ 
tions. 


Fig.l.  Imaginary  oarts  of  S-vector  Flo. 2.  Determination  of  the 

comoonents  are  function  of  source  multipole  type, 

angle  turning. 

The  suggested  method  of  amoiitude  and  ohase  correction  seems  to  be  sufficiently  re¬ 
liable  and  giyes  the  opportunity  to  improve  significantly  the  source  parameters  determi¬ 
nation  precision. 

ideally,  in  an  anechoic  chamber  free  field  conditions  are  to  be  created.  For  us. 
the  regions  of  low  frequencies  have  been  of  the  most  interest,  but  in  these  regions  the 
chamber  doesn't  realize  it's  function.  Unfortunately,  the  effects  that  concern,  for 
example,  the  reflection  of  the  radiated  waves  from  the  chamber's  walls  appeared  to  be 
essential ,  and  so  on. 

This  made  us  talcing  into  account  these  undesirable  factors  and  their  influence  on  calib¬ 
ration  and  the  system's  action. 

Before  using  the  sensor  it  was  necessary  to  evaluate  the  chamber's  quality,  it  me¬ 
ans  it's  ability  to  imitate  free  field.  We  tested  the  law  of  pressure  level's  falling  in 

the  field  of  the  monooole's  type  source.  Declination  of  pressure  amplitude's  reverse 

proportionality  to  distance  between  the  center  of  radiating  source  and  the  point  of  ob¬ 
servation  has  been  determined.  These  evaluations  afforded  to  choose  the  suitable  freou- 
ency  range  with  minimum  distortion  of  the  sound  field  structure. 

On  the  other  hand  it  was  found  out  that  the  test  had  to  be  carry  out  on  just  short 

enough  distances  from  the  sound  source,  because  there  the  direct  wave's  contribution  ex- 
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ceeas  sionif icantlv  corresDondina  the  reflected  wave  field's  contribution.  To  evaluate 
the  distortion  s  contribution,  it  was  found  out  that  just  near  the  receiving  svsteo  the 
field's  distortion  was  determined  bv  the  factor: 

F  S  1  +  i*r  ‘  >  '20) 

Where  r  -  distance  between  the  source  and  the  receiving  system,  a  -  the  characteristic 
chamber’s  size,  r  '.<  a,  ttv  i  l.  the  wall's  imoedance. 

The  second  sum  in  (20)  describes  wave's  Distortion  because  of  the  camber's  walls: 
the  expression  in  brackets  means  the  form-factor  of  the  chamber's  configuration,  that  is 
described  bv  7]  -  ouantitv.  Taking  into  account  the  diffraction  corrections  and  corres- 
oondino  experimental  investigations,  the  range  of  distance  to  measure  was  chosen. 

RESULTS 

After  the  preliminary  analysis  hap  been  done,  the  series  of  measurements  were  car¬ 
ried  out  (fig. 2, 3, 4).  On  the  fig. 2  ooints  correspond  experimental  Quantities  of  multioo- 
le's  tvpes  (L  =  0  -  monoboie,  L  =  1  -  dioole)  and  on  fig. 3  -  distance  and  on  fig. 4  -  di¬ 
rection  to  the  source  (for  monopole).  Everything  was  received  for  different  frequencies. 


rig. 3.  Determination  of  the  distance  Fig. 4.  Determination  of  the 

to  the  source.  direction  to  the  source. 

CONCLUSION 

The  test's  experimental  data  correspond  well  to  ;.ne  real  controlled  oarameters.  So, 
the  principles  that  were  the  base  of  all  calculations  in  this  situation  are  proved  to 
work  well.  This  fact  bears  witness  of  using  the  receiving  system  and  the  procedure  of 
computer  treatment  of  the  received  information. 
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ABSTRACT 

This  paper  deals  with  structural  intensity  measurements.  The  ability  of  a  two  accelerometer  probe 
to  measure  structural  intensity  through  plates  is  studied.  The  method  applies  to  thin  homogeneous 
plates  c::cited  by  bending  waves.  A  finite  difference  approximation  of  a  first  order  spatial  derivative  is 
assumed  in  the  expression  of  intensity  in  the  far  field.  Numerical  results  on  infinite  plate  arc  presented; 
A  comparison  of  general  and  far  field  formulations  of  intensity  is  shown;  measurement  errors  are  also 
studied.  Capability  of  the  probe  to  locate  sinks  and  sources  is  demonstrated.  Finally,  an  experiment 
on  a  clamped  plate  shows  off  specific  information  of  structural  intensity  with  comparison  to  acoustic 
intensity  and  modal  analysis. 

NOMENCLATURE 


r 

i{0) 

Dirac  function  at  point  source 

C(r,y,/) 

cross-spectrum  between  x  and  y  signals 

i 

A 

Laplacian 

k  wavenumber 

5 

V 

displacement  on  z  direction 

/m(«) 

imaginary  part  of  complex  u 

1 

V 

Poisson’s  ratio 

m, 

surface  moss 

1 

u 

pulsation 

r 

distance  to  source  in  circular  coordinates 

< 

D 

flexural  rigidity 

Re{u) 

real  part  of  complex  u 

1  INTRODUCTION 

During  the  last  few  years,  investigations  on  sound  .sources  have  been  improved  with  the  development  of 
new  measurement  techniques  such  as  acoustic  intensity.  Source  location  and  noise  reduction  are  possible, 
even  in  bad  conditions  of  incasurcment:  poor  signal  per  noise  ratio,  multisources.  The  knowledge 
of  transmission  paths  of  mechanical  energy  through  structures  is  also  interesting  to  allow  a  better 
understanding  of  vibration  phenomena.  Vibration  may  cause  problems  in  precision  mechanical  systems 
and  even  cracks  in  the  structure;  measurement  of  structural  intensity  is  a  powerful  tool  in  the  study  of  the 
path  of  vibration  itself.  Vibrations  can  also  induce  structure-borne  noise,  even  far  from  vibration  sources. 
Structural  intensity  can  give  information  on  s'jurces  of  noise  and  capabilities  of  rediicing  structure-borne 
noise.  The  aim  of  the  investigation  is  to  study  the  ability  of  a  far  field  method  to  measure  structural 
intensity  on  plates  in  different  boundary  conditions.  Two  experiments  are  presented:'  the  first  one 
studies  the  ability  of  the  method  to  locate  sources  .and  sinks  of  vi|)ration;  the  second  one  applies  to 
acoustic  transmission  through  structures.  Numerical  simulation  of  measurement  errors  in  relation  with 
the  experiments  arc  presented. 
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Formulae  for  structural  intensity  depend  on  the  kind  of  structure:  beam,  plate,  shell.  Most  ot  the 
periments  previously  published  focused  on  beams,  in  part  because  of  the  simplicity  of  the  structure, 
the  moment,  there  are  two  measurement:  methods  of  structural  intensity  derived  from  mathematical 
pressions.  The  first  one  uses  finite  diffc/ence  approximation,  of  the  first  order  in  the  far  field,  of 
f.  second  and  third  order  for  the  general  expression.  The  second  one  is  an  application  of  acoustic 
>iography  to  structures:  at  the  limit  fluid-structure,  vibrational  and  acoustical  velocities  are  equal 
jsults  obtained  from  NAH  [Ij  ai.d  BAIIIM  [2]  methods  are  well  fitted  with  p'  ysical  phenomena  and 
edictions.  But  only  qualitative  results  can  be  obtained:  the  methods  are  b^-sid  on  evanescent  wave 
tering.  The  amount  of  retained  evanescent  waves  must  be  calculated  from  dir-.ct  measurements.  The 
easurement  of  structural  intensity  using  high  order  finite  difference  approximati  ns  is  difficult  [3].  It  has 
:en  pointed  out  [4]  [5]  that  the  method  is  very  sensitive  to  measurement  errors:  amplitude  error,  phase 
solution,  positionning  of  each  transducer;  phase  mismatch,  and  relative  positionning  between  sensors, 
fluence  of  reactive  field  on  measurement.  For  lower  order  finite  approximations  (cf.  acoustic  intensity), 
easurement  errors  are  not  so  important.  Most  experiments  carried  out  in  the  last  ten  years  used  the 
•.pression  of  structural  intensity  in  the  far  field,  away  from  discontinuities.  Under  this  assumption, 
oiseux  [6]  simplified  the  expression  to  a  first  order  derivative  and  finite  difference  approximation, 
nyway,  the  measurement  accuracy  depends  on  measurement  conditions  and  particularly  on  the  choice 
■  transducers.  The  most  practical  and  cheaper  one  to  use  is  the  piezoelectric  accelerometer  which  has 
;en  largely  used  in  this  field.  Mickol  [7]  found  a  big  influence  of  their  mass  on  vibration  of  the  structure 
self.  Strain  gauges  and  laser  techniques  avoid  mass  addition  or  even  contact.  But  the  application  of 
rain  gauges  to  structural  intensity  on  industrial  applications  is  not  realistic  due  to  their  cost.  Errors 
om  contact  and  laser  techniques  have  been  compared.  The  optical  noises  of  the  treatment  apparatus 
duces  errors  equal  or  less  than  the  first  ones.  For  these  results  to  be  accurate,  the  laser  must  be  used 
laboratories  with  well  known  conditions  of  temperature  and  convective  flows. 

THEORETICAL  FORMULATION 

In  the  case  of  flexural  wave  propagation  only,  intensity  through  a  thin  homogeneous  plate  is  the 
im  of  three  components:  shear,  flexion  and  torsion.  Intensity  depends  then  only  on  7,  the  transverse 
splacement  and  its  spatial  derivatives.  Intensity  in  the  direction  x  through  a  plate  in  the  plane  (x,y) 
in  be  written  [8]: 

Ix{x,y,t)-D[  dl~^dx^'''''dy^hxdt  ‘'hxdydydl^ 

oiseux  [6]  and  Goyder  [9]  showed  off  a  properly  of  intensity  expression  in  the  case  of  the  far  field: 
ixure  and  shear  components  become  similar  and  twisting  component  tends  to  zero. 

<  U(,x,y,t)  >jar  /tcld=  lt(x,y,t)j„  D  <  "  ^  ^  ^ 

frequency  space,  after  a  finite  difference  approximation,  intensity  is  proportional  to  a  cross  spectrum. 


<  fr  >/ar  /teH—  ~ 


2\/Dm,  f  Im(G(al,a2,/)) 


f  Im{G(al, 

J  w* 


wo  accelerometers,  (nl,  o2),  spaced  by  S  are  needed  to  measure  intensity. 

SIMULATED  ERRORS 

In  the  case  of  a  point  force  Fp  in  the  r  direction  e.xciting  the  plate  at  a  discrete  point,  the  governing 
nation  for  the  transverse  vibration  of  an  infinite  plate  is  (10): 

A(A;;(r))-t\(r)  =  f!(0)Fpe^"‘ 

'ter  applying  boundary  conditions,  the  .solution  of  this  equation  is  reduced  to: 
n{r,  t)  =  -  //f 
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•  0**  order  Hankel  function  of  the  second  kind 
H^\-]kr)  :  O'*  order  modified  Hankel  function  of  the  second  kind 

Structural  intensity  on  thin  plates  is  a  function  of  rj  and  its  partial  derivatives  (§3).  It  is  then  possible 
to  express  intensity  ^vith  Hankel  functions. 

We  have  studied  the  results  on  an  infinite  plate,  with  the  same  mechanical  properties  as  the  free 
boundary  plate  discribed  in  §5.1  with  a  thickness  of  1.5mm.  The  excitation  force  amplitude  is  10  N.  In 
figure  1,  different  expressions  of  structural  intensity  are  presented.  Results  are  similar  to  beam  structures. 
Far  field  intensity  overestimates  intensity  in  the  very  near  field  of  the  source,  then  lightly  underestimates 
intensity.  Finite  difference  error  increases  with  frequency  and  spacing  between  transducers.  The  same 
tendency  is  found  in  acoustic  intensity  results.  Effect  of  an  added  phase  on  the  intensity  expression  has 
been  studied.  Here  again,  the  evolution  of  phase  errors  can  be  compared  with  acoustic  intensity  results; 
phase  error  is  higher  for  lower  frequencies  and  for  cases  with  smaller  gaps  between  the  sensors  (fig.2). 
Amplitude  error  on  intensity  is  a  linear  function  of  amplitude  error  on  a  transducer  amplitude.  Influence 
of  a  rotation  of  the  probe  between  -20  and  20®  -around  its  normal  position  is  shown  in  figure  S.  Errors 
due  to  probe  positioning  are  also  studied  {fig.4)-  Influence  of  measurement  errors  are  not  negligible  on 
results  values.  These  results  allow  a  better  understanding  on  frequency  range  of  the  probe  in  particular 
conditions. 

5  FREE  BOUNDARY  CONDITION  STEEL  PLATE 
5.1  Experimental  Set-up 

A  steel  plate  with  the  dimensions  of  0.95*0.5  m*  and  thickness  2  mm  is  lying  on  a  bed  of  rubber 
elastics  to  simulate  free  boundary  conditions.  Its  mechanical  properties  are  known;  u  =0.3,  D  =157.0 
N/m,  m,  =15.7  Kgfm?.  The  exciter  is  a  B&K  4809  electromechanic  shaker  which  is  connected  to 
the  structure  (fig. 5)  using  a  screwrod  attached  at  one  end  to  the  shaker  and  fi.xed  at  the  other  to  the 
plate  between  two  bolts  A  viscous  damper  made  of  plexiglass  plunged  in  a  bowl  of  oil  is  bounded 
to  the  structure  through  another  screwrod.  In  order  to  measure  input  and  output  powers,  two  force 
transducers  ate  placed  between  the  screwrod  and  the  plate.  The  structural  intensity  probe  consists  of 
two  lightweight  B&K  4393  accelerometers  screwed  on  a  dural  base  (23*15*5  mm^).  The  tranducers  are 
separated  by  1.5  cm;  the  total  weight  of  the  probe  is  7  g.  The  natural  frequencies  of  the  different  parts 
of  the  experimental  set-up  are  well  above  or  below  the  frequency  range  of  interest  (31.5-1250  Hz)  A 
16  point  measurement  circular  mesh,  6  cm  from  the  center  of  the  source  and  the  sink  respectively  is 
choosen  in  order  to  measure  input  and  output  powers.  A  line  of  10  points  between  them  is  also  treated. 


5.2  Results  and  Commetrts 

The  shaker  is  excited  by  a  sine  or  white  noise  generator.  The  frequencies  choosen  for  sine  generation 
correspond  to  input  high  energy  at  the  source  and  also  to  natural  frequencies  of  the  set-up.  Sine 
excitation  allows  higher  input  levels  than  white  noise  excitation.  The  results  (fig.6)  show  off  good 
location  of  source.  Experiments  carried  out  on  the  damper  show  that  it  only  works  for  some  discrete 
frequencies.The  90  Hz  frequency  (fig.6)  is  well  damped  by  the  dashpot.At  others  frequencies,  vortex 
phenomenon  around  the  sink  is  observable  and  intensity  amplitudes  are  lower.  Comparison  between 
powers  is  shown  in  table  I.  Power  input  and  output  are  calculated  from  signals  obtained  by  a  force 
transducer  and  an  accelerometer.  The  time  averaged  power  input  <  Hmpui  >  can  be  found  from; 


1  r 

^  Umpul  ^  ~  J 


ImC(F,a,f) 


It  can  also  be  calculated  from  intensity  vectors  /  in  a  closed  contour  /  around  the  source: 

^  X’iopiil  ^  !  fd/ 

The  same  formulae  are  applicable  for  the  sink.  Good  agreement  between  the  two  different  calculations 
are  found  at  source  and  sink  for  sine  excitation.  Little  difference  is  found  between  8  and  16  equally 
spaced  point  calculation  around  source  (b  and  c)  and  sink  (/  and  g).  It  appears  clearly  that  results 
obtained  from  white  noise  generation  are  not  so  good,  probably  because  of  low  level  of  energy  input. 
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In  table  1,  it  is  shown  clearly  that  mechanical  energy  is  being  lost  while  propagating,  in  part  due  to 
acoustic  media  (between  a  and  b  or  f  and  e  columns),  in  part  through  elastics  (between  b  and  d  or  f  and 
d  columns). 

6  CLAMPED  ALUMINIUM  PLATE 

6.1  Experimental  Set-up 

The  experimental  apparatus  used  for  the  investigation  is  shown  schematically  in  figure  7.  A  lightweight, 
thin  aluminium  plate  is  clamped  between  a  diffuse  room  and  a  semi-anechoic  room.  Dimensions  of  the 
plate  are  0.84*0.84*0.0015  m®.  Its  mechanical  properties  are  u  =0.3,  D  =27.0  N/m,  m,  =4.48  Kgjrn^. 

The  plate  is  excited  by  an  acoustic  white  noise  field  generated  in  the  diffuse  room.  IVansmitted 
acoustic  intensity  is  measured  in  the  semi  anechoTc  room.  Acoustic  intensity  measurements  {fig-8(b,c)) 
are  made  10  cm  from  the  plate  in  the  3  space  directions  with  a  B&K  3519  intensity  probe  and  a  50 
mm  spacing  between  the  two  microphones  for  a  frequency  range  of  measurement  of  31.5  to  1250  Hz. 
Modal  analysis  is  obtained  from  frequency  responses  between  an  impact  hammer  placed  at  different 
points  on  the  structure  and  reference  accelerometer.  Structural  intensity  is  obtained  measuring  the  x 
and  y  components  with  the  intensity  probe  described  in  §5.1.  A  11*11  point  square  mesh  on  the  plate 
constitutes  the  measurement  locations. 

6.2  Results  and  Comments 

At  low  frequencies,  analysis  spectra  of  structural  intensity  show  high  energies  only  around  discrete 
frequencies  which  correspond  to  the  modes  of  the  plate.  The  results  presented  are  then  calculated  for 
narrow  bands  of  10  Hz  around  these  frequencies  for  both  structural  and  acoustic  intensity.  Our  interest  is 
focused  on  the  first  7  modes.  Results  of  structural  intensity  are  presented  in  fig.8~(c).  At  any  frequency, 
structural  intensity  vectors  at  the  four  clamped  sides  have  very  low  amplitudes.  This  property  fits  very 
well  with  the  definition  of  clamped  boundary;  no  mechanical  energy  transmitted  to  the  edges.  High 
amplitudes  of  structural  intensity  in  the  plate  correspond  with  high  amplitudes  of  acoustic  intensity 
taken  in  the  two  dimensions  parallel  to  the  plane  of  the  plate  {fig.8-(d)).  These  areas  of  high  amplitudes 
are  located  around  nodal  lines  (fig.8-(a)).  This  behavior  is  noticeable  at  any  frequency  band  studied. 
It  is  also  interesting  to  point  out  rotational  phenomena  of  structural  intensity  in  the  area  near  nodes 
and  antinodcs.  These  rotations  are  only  visible  in  structural  intensity  diagrams.  Mean  acoustic  and 
structural  intensity  levels  on  the  plate  have  been  compared  for  each  frequency.  The  results  {(ab.2)  show 
good  agreement  in  variation  of  levels  of  the  two  quantities:  non-radiating  modes  (low  mean  acoustic 
intensity  values)  correspond  to  low  values  of  mean  structural  intensity. 

7  CONCLUSION 

It  has  been  shown  that  measurements  done  with  the  assumption  of  far  field  are  in  good  agreement 
with  other  measurement  results,  even  if  structural  intensity  measurements  are  not  done  in  the  far  field. 
It  has  also  been  demonstrated  that  the  probe  is  able  to  locate  sources  and  sinks,  for  frequencies  where 
the  sink  absorbs  energy.  The  analytical  model  developped  for  infinite  plates  is  a  good  tool  to  evaluate 
measurement  errors.  It  would  be  interesting  to  study  further  on  simulated  results  in  order  to  draw  a 
probe  with  a  well-known  range  of  validity.  Comparison  of  different  measuring  methods  (STSF,  gauges, 
laser)  would  be  of  great  interest  in  the  better  understanding  of  the  intensity  vector. 

References 

[1]  E.G.  V.'illiams,  H.D.  Dardy,  ct  R.G.  Fink,  “A  technique  for  measurement  of  structure  borne 
intensity  in  plates”,  J.  Acoust.  Soc.  Am.,  78(6),  1985,  pp  2061-2068. 

[2]  J.C.  Pascal,  J.A.  Loyait,  ct  J.A.  Mann  III,  “Structural  intensity  from  spatial  Fourier  transfor¬ 
mation  and  BAIIIM  acoustic  holography  method”,  Proc.  3'^  international  congress  on  structural 
intensity,  Scnlis,  FYance,  1990,  pp  197-206. 

[3]  H.  Honda,  "Structural  intensity;  forward  and  backward  formulation”,  Proc.  Intemoise,  Avignon, 
France,  1988,  pp  569-574. 

[4]  W.  Redman-White,  The  measurement  of  structural  wave  intensity.  Thesis,  I.S.V.R.  Southamp¬ 
ton,  England,  August  1983. 


1356 


[5]  S.I.  Hayek,  M.J  Pechersky,  et  B.C.  Sucn,  “Measurement  and  analysis  of  near  and  far  field 
structural  intensity  by  scanning  laser  vibrometry”,  Proc.  3'^  international  congress  on  structural 
intensity,  Senlis,  France,  1990,  pp  281-288. 

[6]  D.U.  Noi-seux,  “Measurement  of  power  flow  in  uniform  beams  and  plates”,  J.  Acoust.  Soc.  Am., 
47(1),  1970,  pp  238-247. 

[7]  J.D.  Mickol,  An  investigation  of  energy  transmission  due  to  flexural  wave  propagation  in 
lightweight,  built-up  structures.  Master’s  thesis,  Purdue  University,  USA,  December  1986. 

[8]  G.  Pavic,  “Measurement  of  structure  borne  wave  intensity  Part  li  Formulation  of  the  methods”, 
J.  Sound  Vib.,  49(2),  1976,  pp  221-230. 

[9]  H.G.  Goyder  et  Il.G.  White,  “Vibrational  power  flow  from  machines  into  built-up  structures,  1- 
Introduction  and  approximate  analyses  of  beam  and  plate-like  foundations”,  J.  Sound  Vib.,  68(1), 
1980,  pp  59-75. 

(10)  M.  McGary,  Simulated  measurement  of  power  flow  in  structures  near  to  simple  sources  and  simple 
boundaries,  NASA  Langley,  Technical  report  89124,  1988. 


Figure  !;•  Comparison  of  three  expressions  of  intensity  on  plates:  general  feq.I),  far-field  formulation 
(eq.I),  approximate  finite  difference  formulation  (eq.S)  with  different  values  of  spacing  5.  Distance  from 
source:  r  =  6cm. 


r  =  6cm 
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Figur«  3;  Simulated  rotation  error  influence  on  structural  intensity  6  =  1.5cm,  distance  from  source: 
r  =  6cm 


Figure  4:  Simulated  positionning  error  influence  on  structural  intensity.  Variation  of  5mm  around  the 
reference  position  from  the  source:  r  =  6cm.  6  =  1.5cm 


Figure  5:  Measurement  set  up  for  a  free  boundary  condition  plate 
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ABSTRACT 

Structure-bome  power  flow  or  structural  intensity  components  on  a  section  of  a  structure  represent  the 
available  vibrational  power  which  can  result  in  radiated  or  structure-bome  noise.  For  a  thick  or  curved  structure, 
where  in-plane  and  out-of-plane  waves  can  equally  exist,  the  distribution  of  the  vibrational  power  or  structural 
intensity  between  the  in-plane  and  the  out-of-plane  waves  would  be  an  indication  of  the  importance  of  one  wave 
type  relative  to  the  other.  Since  a  particular  wave  type  can  be  a  more  efficient  radiator  of  noise  or  a  more  efficient 
source  for  the  propagation  of  structure-bome  noise,  the  power  imparted  to  that  wave  component,  either  due  to 
external  excitation  or  due  to  scattering  from  discontinuities  in  the  structure,  would  be  indicative  of  the  potential  of 
the  structure  to  be  an  efficient  source  for  noise  radiation  or  for  structure-bome  noise.  This  paper  described  a 
frequency  wavenumber  approach  to  decompose  the  stmctural  intensity  into  components  which  can  be  associated 
with  particular  wave  types.  For  structures  with  both  in-planc  and  out-of-plane  waves,  the  frequency-wavenumber 
spectrum  of  the  structural  intensity  will  have  components  that  represent  the  intensity  propagated  by  each  of  these 
wave  components.  Analytic  and  experimentally  measured  frequency-wavenumber  spectra  of  stmctural  intensity 
for  a  thick  plate  and  thick  beam  respectively,  are  presented  that  show  these  results.  (Work  Supported  by  ONR). 

INTRODUCTION 

The  need  to  control  vibration  propagation  is  an  important  issue  in  the  design  of  many  complex  mechanical 
structures.  The  conditions  under  which  complex  stmctures  are  used  often  require  a  good  description  and 
understanding  of  the  different  sources  of  excitation.  The  type  of  analysis  or  experimental  measurements  to  be 
performed  on  these  structures  has  to  be  chosen  carefully  in  order  to  satisfy  some  specific  requirements.  The  typical 
requirements  and  consequently  the  information  that  the  analysis  or  measurement  should  provide  are; 

the  location  of  the  sources  of  vibration, 
the  identification  of  the  paths  of  vibrational  energy  flow, 
the  identification  of  regions  of  eneigy  absoiption. 
the  efficiency  of  the  structure  to  generate  radiated  sound. 

The  efficiency  of  noise  radiation  from  a  structure  is  very  much  dependent  on  the  type  of  stmctural  waves  that 
are  present  in  the  stmcture.  Based  on  the  characteristics  of  the  stmcture  (thickness,  shape,  discontinuities,  etc), 
different  types  of  waves  can  propagate  within  the  stmcture,  these  waves  can  be  efficient  sound  radiators  depending 
upon  their  characteristics  and  the  characteristics  of  the  surrounding  medium.  For  example,  under  the  influence  of 
water  loading,  longitudinal  and  shear  in-plane  waves  are  efficient  sound  sources  because  their  speed  of  propagation 
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is  supersonic.  Consequently,  it  would  be  required  to  differentiate  between  the  relative  contributions  from  the 
different  waves  propagating  in  the  structure. 

Experimental  measurement  of  the  vibrational  behavior  of  a  structure  can  take  a  number  of  different  forms. 
One  such  measurement  is  the  measurement  of  structural  intensity  which  can  yield  useful  information  about  the 
mechanism  by  which  vibrational  power  is  transmitted  through  the  structure.  From  a  structural  intensity  map,  it  is 
possible  to  identify  the  paths  of  significant  vibrational  power  flow,  location  of  vibrational  sources,  and  areas  of  high 
energy  dissipation. 

The  different  waves  that  can  propagate  through  a  structure  all  contribute  to  the  transmission  of  structural 
intensity.  Decomposing  the  structui^  intensity  into  components  associated  with  the  different  wave  types  will 
identify  the  dominant  mechanisms  by  which  the  structural  intensity  is  propagated.  The  total  structural  intensity  is 
the  sum  of  the  contributions  from  the  components  associated  with  the  in-plane  shear  waves,  the  out-of-plane  waves 
and  the  in-plane  longitudinal  waves.  Each  of  these  wave  types  propagate  through  the  stmeture  with  different  phase 
velocities  and  therefore  have  different  wavenumbers.  Hence,  it  is  should  be  possible  to  decompose  the  structural 
intensity  into  wavenumber  components  which  correspond  to  the  type  of  structural  wave  propagating  that 
component  of  the  structural  intensity. 

The  measurement  of  structural  intensity  was  first  presented  by  Noiseux  [1]  who  derived  the  expressions  for 
the  intensity  flow  through  a  unit  length  cross  section  of  a  thin  plate.  It  is  shown  that  the  structural  intensity  due  to  the 
out-of-plane  motion  is  based  on  three  components  related  to  the  shear  force,  the  bending  moment  and  the  twisting 
moment.  Pavic’  [2]  introduced  the  use  of  fmite  differences  to  obtain  the  spatial  derivatives  involved  in  the  structural 
intensity  expressions.  More  recently,  Redman-White  (3]  presents  a  comprehensive  analysis  of  the  structural 
intensity  for  one  and  two  dimensional  structures.  These  and  other  similar  work  only  address  the  structural  intensity 
associated  with  the  out-of-plane  vibration. 

One  of  the  first  measurements  of  the  structural  intensity  propagated  by  both  out-of-plane  and  in-plane 
waves  has  been  presented  by  Verheij  [4].  In  this  work,  while  the  technique  for  measuring  the  intensity  associated 
with  the  out-of-i)lane  waves  is  the  same  as  the  one  used  by  Pavic’,  for  the  in-plane  components  of  the  intensity,  an 
accelerometer  configuration  is  used  which  measures  both  the  longitudinal  and  torsional  accelerations  and 
eliminates  the  out-of-plane  component  of  the  acceleration.  Homer  and  White  [5],  also  presented  measurements  of 
structural  intensity  propagated  by  in^lanc  and  out-of-plane  waves.  In  this  case  as  well,  the  out-of-^lane  and 
in-plane  components  are  obtained  by  adjusting  the  orientation  of  the  transducers  to  eliminate  the  contribution  of 
one  component  or  the  other.  Pavic’  [6]  used  a  technique  for  Ae  measurement  of  in-plane  and  out-of-plane  surface 
intensity  based  on  the  use  of  strain  gauges  and  contact  velocity  transducers  capable  of  measuring  the  in-plane  and 
the  out-of-plane  velocities  from  which  the  structural  intensity  is  computed.  In  all  of  these  works,  the  in-plane 
components  of  the  structural  intensity  are  obtained  by  a  separate  measurement  technique  which  is  different  from 
that  used  to  measure  the  structural  intensity  contribution  from  the  out-of-plane  vibration. 

Frequency-wavenumber  analysis  have  been  used  (Chapman  [7])  to  measure  the  radiation  of  hull-bome 
energy  and  to  correlate  this  energy  with  the  wave  components  of  the  hull.  Using  a  frequency-wavenumber  analysis 
of  the  surface  velocity  and  the  radiated  acoustical  field,  the  different  wave  components  of  the  hull  and  the 
contribution  to  the  radiated  Held  could  be  observed.  By  matching  the  wavenumber  components  of  the  structural 
waves  to  the  wavenumber  components  of  the  radiated  acoustic  field,  the  dominant  structural  waves  could  be 
identified.  This  approach  identifies  in-plane  and  out-of-plane  waves  types  simultaneously.  The  same  approach 
can  be  used  for  the  propagation  of  structural  intensity. 

BACKGROUND  THEORY 

The  average  intensity  crossing  a  unit  surface  is  defined  as  the  power  per  unit  area  crossing  normal  to  the 
surface.  The  average  intensity  vector  at  a  given  time  instant  is  thus  given  l?y: 

/(no  =|0F(f,f)  .  V(f.o]  nr  dS  1. 

where  r  is  the  position  vector,  rir  is  the  unit  vector  normal  to  the  surface  area  S,  and  F  and  V  are  respectively  the 
force  per  unit  area  and  the  velocity,  at  position  r.  The  intensity  vector  at  a  location  on  a  plate  surface  represents  the 
average  intensity  over  the  thickness  of  the  plate  and  is  equal  to 
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I(t,x,y)  =  Fit,x,y)  .  Vit,x,y) 

where  P  in  this  case  is  the  thickness  average  stress  per  unit  length  and  V  is  the  cotresponding  strain  rate. 
Transforming  equation  (2)  into  the  frequency  domain. 


I((0,x,y)  =  ^Real  \Force(fii,x,y)  Velocity* {(O.x^y'^ 


Both  the  force  and  the  velocity  may  be  described  in  terms  of  spatial  derivatives  of  the  plate  displacements. 
The  spatial  derivatives  can  be  approximated  using  finite-differences  [2].  That  is,  the  structural  intensity 
components,  as  a  function  of  frequency,  can  be  expressed  in  the  terms  of  the  cross-spectra  between  the 
measurements  at  locations  on  the  structure  that  define  the  finite  difference  approximations  [3]. 

For  the  case  of  a  thin  plate  structure,  in-plane  stresses  and  deflection  can  be  neglected,  and  only  the 
out-of-plane  deflection  of  the  neutral  plane  needs  to  be  considered.  In  this  case  the  structural  intensity  has 
components  which  are  associated  with  the  shear  force,  the  bending  moment  and  the  twi  sting  moment.  The  structural 
intensity  at  any  point  on  the  plate  is  given  by  the  sum  of  these  three  components.  The  measurement  of  any  of  these 
components  requires  only  a  knowledge  of  the  out-of-plane  motion,  since  the  in-plane  motion  can  be  neglected.  No 
further  processing  would  typically  be  performed  after  each  of  the  three  components  of  the  structural  intensity  has 
been  obtained  from  the  measured  cross-spectra. 

In  the  case  of  a  thick  plate  structure,  in-plane  motion  and  the  effects  of  shear  deformation  and  rotary  inertia 
must  be  taken  into  account  [8].  In  this  case,  the  structural  intensity  has  components  which  are  associated  with  the 
shear  force,  the  bending  moment  and  the  twisting  moment  due  to  the  out-of-plane  motion,  and  other  components 
associated  with  the  longitudinal  and  shear  forcesdue  to  the  in-plahe  motion.  Because  of  the  different  characteristics 
between  the  in^lane  and  the  out-of-plane  motions,  it  is  generally  required  to  measure  the  different  intensity 
components.  This  can  be  accomplished  using  separate  instrumentation  to  measure  the  in-plane  or  the  out-of-plane 
components  [4,5,6]. 

The  in-plane  waves  also  produce  a  transverse  velocity  that  is  proportional  to  the  corresponding  in-plane 
velocity  due  to  the  Poisson  effect  [9].  Therefore,  the  in-plane  velocities  or  structural  intensities  can  be  measured 
from  the  induced  out-of-plane  velocity.  That  is,  all  the  different  components  of  the  structurai  intensity  can  be 
obtained  from  the  measurement  of  the  out-of-plane  motion  of  the  plate.  The  task  then  is  to  find  a  way  by  which  each 
of  the  structural  intensity  components,  associated  with  different  wave  types,  can  be  distinguished  from  each  other. 

Out-of-plane  waves,  in-plane  longitudinal  waves  and  in-plane  shear  waves  have  different  propagation 
velocities  and  different  wavenumbers, 


where  kx,  kL,  ks,  are  respectively  the  out-of-planc,  the  in-plane  longitudinal  and  the  in-plane  shear  wavenumbers. 
That  is,  the  structural  intensity  associated  with  each  of  these  waves,  propagates  through  the  structure  with  different 
velocities.  The  decomposition  of  the  structural  intensity  can  be  achieved  by  using  spatial  transform  in  the  same  way 
as  is  used  for  identifying  different  type  waves  [7],  From  equation  (3)  for  the  structural  intensity,  spatial  transforming 
this  expression,  an  expression  for  the  structural  intensi^  in  the  frequency-wavenumber  domain  is  obtained. 
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1(0,  k)  =  ^Real  ^Forceifa, k)  Velocity  *  (0,  /:)} 

The  components  of  the  structural  intensity  associated  with  each  wave  type  (different  wavenumber)  can  thus  be 
obtained  from  a  frequency-wavenumber  spectrum. 

Applying  this  technique  to  different  sections  of  a  connected  structure  will  identify  the  contribution  of  the 
junctions  to  the  way  the  structural  intensity  propagates  through  the  complete  structure.  The  spatial  transforms 
however  require  the  measurements  of  the  forces  (or  equivalent  derivatives)  and  the  velocities  at  a  number  of 
locations.  Iliis  would  be  very  time-consuming  to  obtain  with  contacting  transducers.  The  alternative  is  to  use  a 
non-contacting  form  of  measurement  such  as  a  laser  vibrometer.  If  finite  difference  techniques  are  used  to  obtain 
the  ftequency-wavenumber  function  of  the  forces,  a  complete  set  of  measurements  nc»is  to  be  performed  at  every 
location  where  the  intensity  is  measured,  which,  if  a  laser  vibrometer  is  used,  would  require  a  multi-channel  laser 
system. 

SIMULATED  RESULTS 

Considering  a  the  thick  plate  structure,  made  out  of  aluminium  with  thickness  0.02S4  m,  length  O.S  m  and 
width  1.0  m,  and  simply  supported  on  three  edges,  with  a  uniform  load  applied  along  the  fourth  edge  (figure  1 ). 
In-plane  and  out-of-plane  loads  are  applied  at  the  edge  of  the  plate  to  induce  both  in-plane  and  out-of-^lane 
waves.  The  frequency  range  considered  is  up  to  20  kiloHertz  to  clearly  demonstrate  the  effect  of  the  in-plane 
longitudinal  and  shear  waves.  The  velocity  modeshapes  over  the  surface  of  the  plate  are  calculated  using  the 
formulation  in  [10].  An  out-of-plane  motion  component  associated  with  the  in^lane  waves  is  derived  from  the 
Poisson  effect  for  quasi-longitudinal  waves  [9], 

\vhk]  . 

^in-plane  ”12  1 

where  wjn^iuie  the  contribution  to  the  out-of-plane  motion  due  to  the  in-plane  motion  u,  v  is  the  poisson  ratio,  h  is 
the  structure  thickness  and  k  is  the  wavenumber. 


out -of -plane  load  Q 


Figure  1.  Thick  plate  structure  with  in-plane  and  out-of-plane  excitation. 

The  analysis  presented  here  is  limited  to  the  resonant  frequencies  of  the  structure.  For  each  resonant 
frequency,  aftercalculating  the  modeshapes  and  the  cross  spectra  to  obtain  the  structural  intensity,  two-dimensional 
Fourier  transforms  are  performed  at  these  ffequencies  to  obtain  a  two-dimensional  wavenumbw  spectmm  for  both 
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the  surface  motion  or  velocity  and  the  structural  intensity.  The  peaks  in  the  wavenumber  spectrum  for  either  surface 
velocity  or  structural  intensity  correspond  to  the  values  of  (k;t,  ky),  the  x  and  y  components  of  the  wavenumber, 
associated  with  the  different  wave  ^pes  (figure  2).  The  overall  frequency-wavenumber  plots,  (dispersion  curves), 
are  obtained  by  combining  the  values  of  the  wavenumbers  k,  and  ky  at  the  location  of  the  peaks  in  the  wavenumber 
spectra. 


Figure  2.  Two-dimensional  wavenumber  spectrum  of 
the  surface  motion  of  the  plate  at  three  selective 
frequencies  corresponding  to  resonant  frequencies  of 
the  plate,  (a)  13.3  KHz;  (b)  13  J  KHz;  (c)  13.6  KHz. 


The  results  of  the  combined  wavenumbers  are  shown  in  figure  (3)  for  the  surface  velocity.  The  dispersion 
curve  for  the  shear  waves  is  above  the  dispersion  cur\'e  for  the  longitudinal  waves.  The  out-of-plane  wavenumbers 
are  in  general  larger  than  the  shear  and  longitudinal  wavenumbers.  This  is  expected  since  the  phase  velocity  of  the 
out-of-plane  waves  is  less  than  that  of  the  in-plane  waves.  Since  the  analysis  is  performed  at  the  resonant 
frequencies,  at  some  of  these  frequencies,  only  one  type  of  wave  is  present.  These  frequencies  corresponding  to 
either  a  longitudinal  or  shear  resonance  giving  only  one  data  point  on  the  dispersion  curves.  For  other  frequencies, 
resonances  occur  for  both  types  of  waves.  In  this  case,  there  are  two  data  points. 

The  frequency-wavenumber  results  for  the  structural  intensity  are  shown  in  figure  (4).  As  can  be  observed 
from  this  result,  using  a  frequency-wavenumber  analysis,  the  structural  intensity  has  components  which  can  be 
associated  with  the  in-plane  longitudinal,  the  in-plane  shear  and  the  out-of-plane  waves  of  the  plate  structure.  The 
frequency-wavenumber  curves  for  the  structural  intensity  are  similar  to  the  frequency  wavenumber  curves  for  the 
surface  velocity. 

EXPERIMENTAL  WAVENUMBER  ANALYSIS 

To  verify  the  simulated  experimental  results  presented  in  the  previous  section,  frequency-wavenumber 
results  for  a  thick  beam  subjected  to  an  end  load  excitation  arc  presented.  In  these  experimental  results,  the  presence 
of  the  in-planc  and  out-of-plane  components  of  structural  intensity  for  the  thick  beam  can  be  identified. 

The  experimental  set-up  consists  of  a  beam,  0.0254m  thick,  l.I7m  long  and  0.05m  wide,  made  of 
plexiglass.  One  end  of  the  beam  was  embedded  in  sand  (figure  5)  to  provide  an  anechoic  termination.  The 
excitation  is  provided  by  an  electrodynamic  exciter  which  is  attached  to  the  beam  at  its  free  end.  The 


fiiequency-wavenumber  spectrum  is  obtained  by  measuring  the  response  at  32  locations,  spaced  0.02  m  apart  A 
spatial  Fourier  transform  is  performed  on  the  measurements  to  obtain  the  wavenumber  spectrum.  Because  of  the 
small  size  of  the  sample  record  (32  points),  zero  padding  is  used  to  increase  the  size  of  the  san^le  record  to  128 
points.  Mth  a  0.02  m  spacing,  the  limiting  wavenumber  due  to  the  Nyquist  criteria  to  avoid  spatial  aliasing  is  given 

by. 


where  A  is  the  separation  in  the  measurements.  To  satisfy  this  requirement,  the  iiequency  of  excitation  was  limited 
to  20  KHz,  for  which  the  out-of-plane  wavenumber  is  less  than  157  m“'- 
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Figure  3.  Frequency-wavenumber  plot  of  the  surface  Figure  4.  Frequency-wavenumber  plot  of  the 

velocity  of  the  thick  plate.  The  three  lines  shown  are  structural  intensity  for  the  thick  plate.  Only  location 
for  the  in-plane  and  out-of-plane  wave  components  of  peaks  in  the  frequency-wavenumber  spectrum  is 

contributions.  shown. 


0.02  m 


excitation 

load 


accelerometer 
moved  along 
beam 


Figure  5.  Experimental  set-up  to  measure  frequency-wavenumber  spectrum  of  structural  intensity. 

Using  a  broad  bond  frequency  excitation,  an  estimate  of  the  frequency  response  at  each  measurement 
location  on  the  beam  is  obtained  as  a  cross  spectrum  between  the  point  acceleration  and  the  input  load.  These 
frequency  spectra  are  then  spatial  transformed  to  form  the  frequency-wavenumber  spectra  of  the  surface  motion  of 
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the  beam.  These  rcsults  are  shown  in  a  contour  diagram  in  figure  (6).  While  the  mechanical  exciter  was  mounted 
in-line  with  the  axis  of  the  beam,  due  to  some  offset  and  the  boundaries  of  the  beam,  both  in-plane  and  out-of-plane 
waves  are  induced  in  the  beam.  This  can  te  observed  from  figure  (6)  which  apart  from  a  straight  line  representing 
the  linear  function  relating  the  in-plane  wavenumber  with  frequency  for  longitudinal  waves  ( equation  4),  a  line 
representing  the  out-of-plane  waves  can  also  be  observed. 

For  the  structural  intensity,  from  equation  (3)  and  using  the  relationship  between  the  force  and  the  first  order 
derivative  of  the  displacement  [  10],  the  frequency  wavenumber  spectrum  of  the  structural  intensity  is  obtained.  The 
first  spatial  derivatives  of  the  ^splacement  is  obtained  using  a  finite  difference  approach,  where  for  position  i, 

Wm(x,0>)-Wi.i(X,O)  g 

dx  }‘  ~  2A 

The  spatial  Fourier  transform  using  zero  padding  is  applied  separately  to  the  velocities  and  to  the 
displacement  first  derivatives.  Using  equation  (S),  the  structural  intensity  is  computed  and  the 
frequency-wavenumber  results  are  shown  in  figure  (7).  The  two  main  components  of  the  structural  intensity  can  be 
observed  in  this  figure.  One  component  being  a  linear  function  between  frequency  and  wavenumber  and  represents 
the  contribution  of  the  in-plane  waves  to  the  propagation  of  structural  intensity  and  the  second  component  has  a 
non-linear  function  between  the  wavenumber  and  frequency  and  represents  the  contribution  to  the  propagation  of 
the  structural  intensity  due  :o  the  out-of-plane  waves. 

The  structural  intensity  components  are  not  uniform  with  frequency  even  though  a  semi-infinite  set-up  was 
attempted.  The  anechoic  termination  was  not  perfect  and  some  resonant  behavior  could  be  observed  on  the  team. 
The  results  of  this  frequency-wavenumber  analysis  show  that  for  thick  structures  with  the  right  combination  of  the 
excitation,  both  in-plane  and  out-of-plane  components  for  the  structural  intensity  are  present.  The  relative 
importance  between  the  in-plane  and  the  out-of-silane  components  is  a  function  of  excitation,  frequency  and 
structural  thickness. 


Figured.  Experimental  frequency-wavenumber  plot  Figure?.  Experimentally  measured 

of  the  surface  velocity  along  the  length  of  the  thick  frequency-wavenumber  plot  of  the  structural 

beam.  The  two  lines  shown  are  for  the  in-plane  and  intensity  for  the  thick  beam.  The  two  ridges  in  the 

out-of-palne  waves.  plot  correspond  to  out-of-plane  and  in-plann  waves 

contributions. 
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CONCLUSION 

From  the  results  of  this  study  it  is  shown  that  hequency-wavenumber  analysis  can  be  used  to  simultaneously 
obtain  the  components  of  the  structural  intensity  that  are  associated  with  different  structural  wave  components, 
provided  the  wavenumbers  of  the  structural  waves  are  different  Simulated  experimental  structural  intensity 
measurements  for  a  finite  thick  plate  structure  and  actual  experimental  structural  intensity  measurements  for  a  thick 
beam  with  one  end  embedded  in  sand  to  simulate  anechoic  end  conditions  have  been  performed.  The  results  of  these 
measuretnents  show  that  in  the  infinite  beam  case  two  components  of  structural  intensity  are  indeed  obtained  in  the 
frequency-wavenumber  spectrum,  one  components  associated  with  the  out-of-plane  waves  and  one  component 
associated  with  the  in-plane  longitudinal  waves.  No  component  is  obtained  for  the  in-plane  shear  waves  because  of 
the  narrow  width  of  the  beam.  In  the  case  of  the  simulated  structural  intensity  measurements  for  the  finite  plate,  the 
results  are  for  selected  resonant  frequencies.  Because  of  the  two-dimensionality  of  the  plate,  the 
frequency-wavenumber  spectrum  for  the  structural  intensity  is  obtained  following  a  two-dimensional  spatial 
Fourier  transform  of  the  cross  spectra  used  in  the  finite  difference  evaluation  of  the  structural  intensity.  While  the 
results  obtained  show  the  expected  trends,  with  structural  intensity  components  for  each  of  the  three  waves  types, 
in-plane  longitudinal  and  shear  and  out-of-plane  waves,  some  difficulty  was  experienced  in  evaluating  the 
two-dimensional  spatial  transforms.  Because  of  the  limited  data  sets  in  the  spatial  domain,  the  spatial  transforms 
are  of  poor  resolution  and  funher  work  is  required  in  this  area  to  improve  the  results  and  make  this  approach 
practically  useful. 
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ABSTRACT 

Cross-correlation  techniques  have  been  traditionally  used  to  separate  multi-path 
phenomena  In  sonar  and  radar  processing.  For  these  cases  the  propagation  medium  Is  non- 
disperslve  Implying  the  propagation  speed  and  phase  speed  are  a  constant.  The  cross- 
correlation  function  for  multi-path  propagation  In  a  nondlspersive  media  will  ideally 
consist  of  a  number  of  delta  functions  at  time  delays  corresponding  to  the  time  it  takes 
the  energy  to  propagate  from  source  to  receiver  along  each  path.  However,  for  the  case 
of  propagation  in  a  dispersive  media  the  peaks  of  the  cross-correlation  function  of  a 
broadband  signal  are  smeared  across  a  time  Interval.  For  the  multi-path  case  where  the 
time  delay  between  paths  are  reasonably  close,  the  effect  of  the  dispersion  can  cause 
difficulty  Interpreting  the  results.  This  is  also  the  case  for  the  Impulse  response 
function  which  Is  often  used  instead  of  the  cross-correlation  to  estimate  time  delays. 
A  processing  method  for  dealing  with  dispersive  time  delay  measurements  has  been 
previously  developed.  This  technique,  referred  to  as  Time  Recompression,  is  used  to 
compress  the  impulse  response  to  sharpen  time  delay  peaks,  making  it  easier  to 
discriminate  adjacent  peaks  of  multi-path  propagation.  This  paper  presents  the  theory 
and  computat.i'jnal  method,  an  analytical  example,  and  an  application  to  test  data. 

NOMENCLATURE 

A(x,/)  -  complex  amplitude 

Cp^  -  phase  velocity 

c^  -  propagation  velocity 

C  -  modulus  of  elasticity 

/  -  frequency 

-  (kq/q)^  frequency  array  at  values  of  k 

-  sample  frequency 

H</)  -  Frequency  Response  Function 

H(k)  -  Wavenumber  Response  Function 

h(t)  -  Impulse  Response  Function 

h(l)  -  Compressed  Impulse  Response  Function 

hb(/)  -  Butterworth  band-pass  filter  coefficients 

I  -  moment  of  inertia 

k(/)  -  wave  number  of  the  dispersive  wave 

kjf  -  equivalent  wavenumber  sample  rate 

kq  -  (q  k,j/N)  wavenumber  array  for  q  -  0,1,2....N-1 

1  -  length 

!„  -  length  of  path  n 

Ip  -  length  array  of  p  evenly  spaced  values 

N  -  num^r  of  points  in  transform 


1371 


s 

- 

cross  sectional  area 

t 

- 

time 

X{f) 

- 

FFT(x(t)) 

X 

- 

position  of  the.  displacement 

V(f) 

■ 

FFT(y(t)) 

a 

- 

path  attenuation  factor 

♦  (k(/)) 

- 

dispersive  transfer  function  phase 

■n(x,t) 

- 

vertical  displacement  at  x  at 

time  t 

11  (X,/) 

- 

vertical  displacement  at  x  at 

frequency  / 

e 

- 

material/stiffness  constant 

p 

- 

mass  density 

5 

- 

stiffness  parameter  of  path 

C 

- 

material  parameter  of  path 

•  THEORY  AND  COHPUTATIONAl.  METHOD 

i 

A  processing  method  for  dealing  with  dispersive  time  delay  measurements  was 
I  developed  In  References  (1]  and  [2]  and  summarized  in  References  [3)  and  [4]  .  This 

technique,  referred  to  as  Time  Recorapresslon,  Is  used  to  remove  the  effects  of 
dispersion  from  a  measured  Impulse  Response  Function.  The  removal  of  dispersive  effects 
I  enhances  the  features  of  the  Impulse  Response  Function  allowing  easier  analysis  of 

transmission  path  characteristics. 

To  understand  why  recompression  is  necessary  for  processing  dispersive  waves, 
first  consider  dispersive  propagation.  For  a  propagating  dispersive  wave  the 
displacement  can  be  described  as  a  function  of  propagation  distance  and  time  as; 


Tl<x,t)  -  Re{A(x,/)e‘ 


(1) 


It  is  important  to  remember  that  for  dispersive  propagation  the  wavenumber  is  a 
function  of  frequency  (k  ••  k(/)).  Also,  for  a  propagating  wave  in  a  physical  medium, 
amplitude  is  attenuated,  and  in  general  is  a  function  of  frequency  (A(x^,/)  >  A(X2,/)). 
Then  the  Fourier  Transform  of  q(x,t)  becomes: 


Tl(x,/)  =  j  Tl(x,t)e-‘^f'^  dt 
or 


(2) 


(3) 


How  consider  two  points  that  are  connected  through  a  linear  dispersive  system. 
For  a  linear  system  the  frequency  response  at  the  second  point,  ii(X2,/),  can  be  written 
as  the  frequency  response  at  the  first  point,  i|(x^,/),  times  the  Transfer  Frequency 
Response  Function,  H^2(^)- 


11<X2,/)  -  Hi2(/)11(xi,/)  ,4, 

From  equations  3  and  4  the  Transfer  Frequency  Response  Function  in  terms  of  a  ratio  of 
the  amplitudes  is: 


Hi2(/)  =  (A{X2,/)/A{xi,/))  e'‘Mns  ,5, 

The  ratio  A(X2,/)/A(x^,/)  is  the  amount  of  attenuation,  and  (k(/)l]  is  the 
relative  phase  angle  of  the  propagating  wave  between  points  X|  and  Xj  separated  by  a 
distance  1.  For  propagating  waves,  Cg  ••  dw/dk  where  Cg  is  the  group  velocity. 
Cenerally,  the  dispersive  wavenumber  is  expressed  as: 
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(6) 


For  non-dlsperslve  w«ves  th*  group  volocity  is  a  constant,  and  the  transfonsatlon 
from  frequency  to'  wavenumber  is  straightforward.  However,  for  dispersive  propagation, 
the  group  velocity  is  a  function  of  frequency,  and  the  conversion  from  frequency  to 
wavenumber  becomes  more  complicated.  If  the  vibrational  propagation  path  in  a  steel 
structure,  such  as  a  ship,  is  considered,  the  propagation  of  energy  will  typically  be 
predosdnantly  longitudinal  and/or  flexural  waves.  Longitudinal  waves  in  steel  are  non- 
dispersive,  and,  therefore,  time  delay  estimates  between  sensors  can  be  obtained  using 
standard  cross-correlation  techniques.  Flexural  waves,  however,  are  dispersive  and 
propagate  at  velocities  that  vary  with  frequency.  A  general  form  for  the  first  order 
approximation  of  the  group  velocity  of  flexural  waves  in  solids  is  derived  in  Reference 
(6]  and  expressed  in  Equation  1. 

c,  -  2cph  -  2(C§)i'«(2lt/)‘"  ,7, 


The  group  velocity  of  flexural  waves  expressed  in  Equation  7,  is  defined  in  terms  of  the 
material  and  stiffness  paraswters. 

?  “  E/p  %  ■=  I/S  (g) 

Material  and  stiffness  parameters  have  been  divided  for  convenience  since,  for 
many  cases,  the  material  parasmter  will  be  constant.  Based  on  these  definitions,  the 
frequency  dependent  dispersion  relationship  for  flexural  waves  in  solid  structures  is 
expressed  as: 


)c(/)  -  e/‘" 

where  0  is  the  material  stiffness  constant  derived  from  Equations  6, 

e  - 


<») 

7  and  8  as: 

(10> 


In  general,  dispersive  propagation  in  solid  structures  will  have  a  dispersion  law  of  the 
form: 


k(/)  -  0(271/)'’  .11) 

where  0  is  a  constant  defined  by  the  elastic  properties  of  the  structure.  The  Transfer 
Navenumber  Response  Function  from  point  X|  to  x^  is  expressed  as: 

Hi2  0c(/))  -  ai2  (i2) 

The  Impulse  Response  Function  in  the  length/wavenumber  domain  (Compressed  Impulse 
Response  Function)  can  be  defined  as  the  Inverse  Fourier  Transform  of  the  dispersive 
Mavenumber  Response  Function. 


hud) 


£ 


H,2{Jc(/))  dk 


(13) 


However,  the  transfer  function  typically  measured  for  a  linear  system  is  given  in  the 
frequency  domain  (Frequency  Response  Function)  using  Equation  14 


Hij(/)  “  Gjj  (/) /Gji  {/) 


(14) 


where  i*  Che  Cross  Spectral  Density  Function  betwnen  points  and  Gj,(/)  is  the 
Power  Spectral  Density  Function  at  the  first  point  (51 .  The  Impulse  Response  Function 
is  then  calculated  from  the  Inverse  Fourier  Transform  of  the  Frequency  Response 
Function: 
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hi2(X) 


£ 


Hi2(f)e‘2>''<^  df 


(IS) 


The  Frequency  Response  Function  is  typically  estimated  from  the  Fast  Fourier 
Transform  (FFT)  of  the  input  and  output  using  Equation  14.  This  implies  that  the 
Frequency  Response  Function  values  are  obtained  at  evenly  spaced  intervals  of  /.  To 
estimate  the  Inverse  FFT  of  the  Frequency  Response  Function  to  obtain  the  Compressed 
Impulse  Response  Function  via  Equation  14,  Frequency  Response  Function  values  at  evenly 
spaced  values  of  )t  must  be  interpolated  from  the  Frequency  Response  Functions.  This  is 
accomplished  by  computing  the  values  of  /  at  evenly  spaced  values  of  k  using  the 
dispersion  law  defined  in  Equation  8  and  interpolating  the  value  of  the  Frequency 
Response  Function  at  /()t).  Transformation  from  frequency  to  wavenumber  occurs  by 
substituting  variables  so  that: 

Hij(k(f))  -  Hi2(f()c))  (16) 

For  a  system  made  up  of  n  mutually  exclusive  paths  between  points  1  and  2,  the 
system  Frequency  Response  Function  can  be  defined  as  the  linear  sum  of  the  individual 
Frequency  Response  Functions  for  each  path. 

-  Hi2:i(/)  +  Hi2:2(/)  +  ....  +  Hi2in(/)  (17) 

From  Equations  12  and  17  the  Frequency  Response  Function  for  this  system  can  be  written 
as : 


n  (18) 

where  the  attenuation  factors  for  the  n  paths  and  path 
lengths.  From  Equations  12  and  13  the  Compressed  Impulse  Response  can  be  represented 
as: 


h(lp)  -=  Zan5(lp-1„) 

where  6(1)  is  the  Dirac  delta  fi'nction.  This  suggests  that  using  this  method  would 
result  in  a  Compressed  Irapul.se  Response  Function  with  .sharp  peaks  at  lengths 
corresponding  to  the  systems  various  path  lengths. 

ANALTTICAL  EX.iMPLE 

The  best  documented  experiment  demonstrating  .multi-path  dispersive  propagation  is 
the  two  beam  experiment  oescrlbed  in  Reference  (7)  which  is  used  a.s  an  example  to 
explain  dispersive  propagation  in  Reference  (8J  .  The  experimental  arrangement,, 
illustrated  in  Figure  1,  consisted  of  two  aluminum  beams,  one  straight  and  one 
semicircular,  both  with  a  thickness  ol  C.0032  meters,  excited  at  one  end.  Two 
accelerometers  were  attached  on  t).e  straight  beam,  outward  of  the  semicircular  beam 
attachment,  providing  two  distinct  structural  paths  of  different  length  between 
accelerometers.  in  Reference  [7i,  this  multi- path  problem  was  evaluated  with  band 
Limited  cross-oorrrlatior.  analysis  to  suppress  the  dl.spersion  effects.  This  technique 
leads  to  two  conflicting  requirements:  (1)  the  need  for  narrow  bandwidth  excitation  and 
analysis  to  suppress  dispersion;  and,  (2)  the  need  for  broad  bandwidth  analysis  to 
suppress  overlapping  of  adjacent  peaks  (8) ,  Time  Recompres.sion  processing  adjusts  for 
dispersion  and  negates  the  need  to  use  narrow  bandwidth  excitation 

Thi.s  problem  was  modeled  to  demonstrate  the  effectiveness  of  the  Time 
Recompressioii  Technique  in  determininq  dominant  transmission  paths  in  a  dispersive 
medium.  Mathematical  models  of  the  dispersive  transmission  paths  were  developed  to 
represent  the  transtei  of  flexural  energy  in  the  system.  Next  a  broad  bandwidth  signal 
was  generated  to  represent  an  excitation  .source.  Cncorreiated  broadband  random  noise 
was  i-t reduced  at  the  output  to  represent  a  noise  environment  that  might  be  encountered 
in  a  realistic  meaburemont  scheme.  An  output  was  generated  using  the  source  excitation, 
the  mathematical  transfer  function  model,  and  the  assuited  broad  bandwidth  output  noise. 
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A  transfer  function,  representing  a  "measured"  transfer  function,  was  derived  from  the 
system  model's  output  and  input.  The  impulse  response  was  calculated  from  this  transfer 
function  and  displayed  no  recognizable  peaks.  Next,  the  simulated  "measured"  transfer 
function  was  modified  using  the  Time  Recompression  Technique  and  the  Impulse  Response 
Function  calculated.  The  Compressed  Impulse  Response  Function  showed  sharp  peaks  at 
locations  corresponding  to  the  two  dispersive  path  lengths  at  the  original  (before 
dispersion)  magnitudes.  Several  different  signal-to^noise  ratios  were  analyzed  to 
investigate  the  technique’s  sensitivity  to  low  signal-to-noise  ratios. 


Shaker 


Figure  1  -  Two  Beam  System  for  Multi-path  Dispersion  Experiment 


Disoersive  Two  Path  Transfer  Function 

A  multipath  dispersive  transfer  function  was  generated  to  model  the  transfer  of 
flexural  energy  in  the  two  beam  system.  The  total  system  transfer  function  is  assumed 
to  be  the  linear  sum  of  individual  path  transfer  functions,,  as  expressed  in  Equation  19. 
The  phase  angle  (Equation  20)  is  defined  as  the  wave  number  times  the  distance  along  a 
given  path. 


^i(f)  =  (20) 

As  previously  discussed,  the  flexural  wavenumber  (Equation  6)  is  defined  in  terms 
of  frequency  and  phase  velocity.  Attenuation  factors  have  no  real  physical  significance 
for  demonstrating  time  recompression.  For  the  two  beam  system,  the  attenuation  factors 
are  arbitrarily  set  at  Otj^  =  .4,  and  0,2  “  -6.  Both  beams  have  the  same  material  and 
stiffness  parameters  and  the  phase  angle  of  each  path' s  Frequency  Response  Function  was 
calculated  using  Equation  20.  With  these  phase  angles  the  total  system  Frequency 
Response  Function  was  then  computed  using  Equation  19..  This  function  represents  the 
total  dispersive  transfer  function  of  the  two  beam  system.  For  this  example  the 
Frequency  Response  Function  of  4096  points  was  calculated  at  a  constant  bandwidth  of 
20,000/4096  Hz  from  0  to  20,000  Hz.  A  four-pole  Butterworth  band-pass  filter  with  pass 
band  frequency  limits  of  500  and  2500  Hz  was  used  to  filter  the  input  to  represent  a 
band-limited  source. 


Model  of  Measured  Transfer  Function 

A  simple  linear  input/output  model  was  developed  to  model  the  measured  multipath 
dispersive  data.  For  this  model  the  output  signal  was  a  function  of  the  input,,  the 
dispersive  transfer  function  previously  developed,  and  uncorrelated  output  noise.  The 
input  signal  was  generated  as  a  zero  mean  Gaussian  time  series  with  a  standard  deviation 
of  1.0.  The  sampling  rate  was  set  at  .05  milliseconds  to  insure  that  the  time  delay 
resolution  was  adequate  to  separate  closely  spaced  time  delays.  The  time  series  was 
then  filtered  using  the  Butterworth  filter  coefficients  to  obtain  a  band-pass  random 
input  time  series.  The  band-pass  time  series  was  then  transformed  into  the  frequency 
domain  using  a  FFT.  A  zero  mean  Gaussian  time  series  with  a  standard  deviation  of  0.1 
was  then  generated  to  model  the  output  broadband  noise.  The  output  noise  time  series 
was  also  transformed  into  the  frequency  domain  using  a  FFT.  The  output  signal  was  then 
generated  from  the  band-limited  input,  dispersive  transfer  function,  and  output  noise. 
The  signal-to-noise  ratio  of  the  output  to  output  noise  for  the  processing  bandwidth  was 
calculated  to  be  +5  dB.  Also,  visible  in  the  output  signature  are  drop  outs  at 
frequencies  where  the  phase  angle  of  the  two  paths  are  180  degrees  apart,  producing 
cancellation  at  the  output  signal.  Using  the  generated  input  and  calculated  output,  a 
new  Frequency  Response  Function  was  generated.  This  Frequency  Response  Function 
represents  a  simulated  measured  Frequency  Response  Function.  In  order  to  further 
examine  effects  of  dispersion  on  this  typical  measured  Frequency  Response  Function,  the 
envelope  of  the  Impulse  Response  Function  was  calculated  from  the  Frequency  Response 
Function  and  illustrated  in  Figure  2.  Dispersion  smears  the  time  delay  pea)is 
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significantly,  making  the  time  delay  peaks  unrecognizable  even  at  this  high  SNR. 


Figure  2-  Envelope  of  the  Impulse  Response  Function  lh„(t) I 


This  simulation  again  Illustrates  the  difficulties  associated  with  using  time 
delay  techniques  In  a  multi-path  dispersive  propagation  measurement  and  highlights  the 
need  for  time  recompression  processing. 

Waveniimher  Response  Function 

To  remove  the  effects  of  dispersion  from  the  Impulse  Response  Function,  the 
Frequency  Response  Function  must  be  transformed  to  the  wavenumber  Response  Function. 
This  Is  accomplished  by  Interpolating  the  Frequency  Response  Function  at  values  of  S (k) 
corresponding  to  evenly  space  values  of  k(f).  By  defining  a  frequency  array,,  at 
evenly  spaced  values  of  k,  a  modified  Wavenumber  Response  Function  Is  obtained  by 
interpolating  Hj,(/q)  at  frequencies  fy^.  From  Equation  16,  the  Wavenumber  Response 
Function  becomes  the  interpolated  Frequency  Response  Function.  A  dispersion 
relationship  between  the  wavenumber  and  frequency,  defined  in  Equation  11,  is  used  to 
perform  the  transformation.  As  previously  discussed  (Eqn's  9  and  10),  for  flexural 
waves  in  solid  structures,  the  constant  9  will  be  a  function  of  the  material  and 
stiffness  par^^neters  and  the  power  p  will  be  one-half  (1/2)  .  In  the  multi-path  case, 
the  stiffness  parameters  for  each  path  can  be  different.  The  variable  9  may  be  set  to 
unity  without  loss  of  generality  to  produce  an  assumed  dispersion  law.  Either  a  scaled 
length  or  the  stiffness  parameter  will  be  then  be  determined  from  the  final  calculation 
of  the  Compressed  Impulse  Response  Function. 

Compressed  Impulse  Response  Function 

Using  the  modified  Frequency  Response  Function  calculated  with  Equation  16,  the 
Compressed  Impulse  Response  Function  was  calculated  by  taking  the  Inverse  FFT  of  the 
modified  Frequency  Response  Function.  Examining  the  magnitude  of  the  Compressed  impulse 
Response  Function,  Illustrated  in  Figure  3,  reveals  distinct  peaks  with  amplitudes 
approximately  equal  to  the  attenuation  factors  (a's)  for  the  two  path  system  modeled. 


1376 


t 


I 

I 


p 

I 


Figure  3  -  Compressed  Impulse  Response  function  h„(l„) 


Interpreting  Results 

The  Compressed  Impulse  Response  Function  produces  peaks  at  values  1^;!  which  must 
then  be  correlated  to  a  propagation  path.  It  is  assumed  that  for  practical  cases  the 
material  properties  will  be  known,  Implying  that  is  a  function  of  length  and  a 
stiffness  parameter.  The  relationship  between  dispersive  path  parameters  and  lengths 
determined  from  the  Compressed  Impulse  Response  Function  must  be  associated  with  actual 
dispersive  properties  and  path  lengths.  The  assumed  dispersion  law  and  measured  lengths 
are  related  to  the  actual  dispersion  law  and  path  length  using  the  relationship  between 
phase  dispersion  and  length  {Eqn  20).  Recalling  that  was  set  to  unity,  this  results 
in; 


K:i  =  1  i  (21) 

After  determining  a  physical  stiffness  and  length  were  obtained  that  satisfy 
Equation  21.  For  example,  for  the  case  of  the  two  beams,  the  material/stiffness 
constant  and  the  l^.j^'s,  l,„.i  “  2.8  and  1,„.2  ■  4.2,  illustrated  in  Figure  11  were  used 
to  calculate  path  lengths;  ij  =  2.43  m,  and  Ij  3.65  m. 

Effect  of  Sianal-to-Woise  Ratio  on  Time  Recompresslon 

The  previous  section  demonstrates  Time  Recompression  for  a  relatively  high  output 
SNR.  In  order  to  further  examine  the  effects  of  SNR  on  the  calculation,  the  model  was 
used  with  different  output  noise  levels.  Two  additional  cases  were  run  with  output 
SNR's  of  0  and  -5  dB  over  the  measurement  bandwidth.  In  both  cases  the  peaks  were 
easily  identified  in  the  Compressed  Impulse  Response  Function 

APPLICATION  TO  TEST  DATA 

In  order  to  show  how  this  technique  might  be  applied,  data  from  a  scale  model  test 
was  examined  using  Time  Recompression.  It  is  important  to  remember  that  the  data  used 
in  this  example  was  not  taken  in  order  to  examine  this  technique,  but  was  in  fact  taken 
to  provide  information  for  a  separate  problem.  Although  the  source  frequency  was 
relatively  low  and  path  lengths  were  too  short  to  allow  much  dispersion,  some 
improvement  over  the  regular  Impulse  Response  Function  was  observed.  An  example  set  of 
data  consisted  of  data  from  two  accelerometers;  one  at  the  source  and  one  a  short 
distance  down  a  section  of  pipe.  The  Impulse  Response  Function  is  illustrated  in  Figure 
4 .  This  figure  Illustrates  very  little  dispersion  as  would  be  expected  due  to  the 
relatively  short  length  of  travel,  but  the  actual  time  delay  is  somewhat  smeared. 
Figure  5  Illustrates  the  envelope  of  the  Compressed  Impulse  Response  Function  which 
shows  the  majority  of  the  energy  to  be  in  two  peaks  which  probably  correspond  to  a 
direct  path  and  a  reflected  return  from  a  pipe  elbow  or  pipe  termination.. 
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Figure  20  -  Source  to  Pipe  Envelope  of  IRF  |h(t)l 


Figure  21  -  Source  to  Pipe  Envelope  of  Recompressed  IRF  lh(l)l 
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ABSTRACT 

Described  are  a  brief  overview  of  the  general  viscoelastic  behavior  of  polymeric  materials,  the 
basic  theory,  experimental  techniques  used  to  measure  the  dynamic  mechanical  properties,  and  the  time- 
temperature  superposition  principle.  Provided  a  brief  discussion  of  the  glass  transition  phenomenon  along 
with  its  complexities  and  signiricance  in  governing  the  viscoelastic  damping  of  polymers.  Also,  given  are 
a  brief  description  of  a  novel  experimental  technique  and  modeling  scheme  developed  by  us.  The  technique 
is  known  as  Fourier  Transform  Mechanical  Analysis  (FIMA).  It  has  many  advantages  over  conventional 
methods.  Our  model  provides  a  quantitative  description  of  the  glass  transition  phenomenon  and  a  complete 
constitutive  equation.  The  time-temperature  superposition  is  an  integral  part  of  it. 

INTRODUCTION 

Viscoelastic  materials  are  useful  for  isolation  and  control  of  noise  and  vibration  because  of  their 
ability  to  dissipate  energy.  The  damping  ability  of  these  materials  is  increasingly  utilized  to  develop 
advanced  composite  materials  such  as  high  strength  low  weight  aircraft  structures  and  other  engineering 
components.  For  an  optimum  design,  dynamic  analysis  of  viscoelastically  damped  structures  must  be 
performed  at  a  design  phase.  A  comprehensive,  useful  understanding  of  the  viscoelastic  damping  inherent 
in  these  systems  can  come  only  from  studies  of  mechanical  properties  over  wide  ranges  of  frequency  (time) 
and  temperature.  If  a  material  is  moisture  sensitive,  the  effect  of  moisture  must  be  included  also.  The 
same  rule  also  applies  for  plasticizers  and  other  additives. 

The  mechanical  behavior  of  most  polymers  and  the  materials  that  fail  to  crystallize  when  cooled  from 
the  molten  state  can  be  adequately  represented  by  the  theory  of  viscoelasticity.  A  broad  classes  of 
materials  form  a  disordered  amorphous  solid  stmeture  like  a  glass;  polymers  are  just  a  one  class  from  the 
list.  But  because  of  wide  uses  of  polymers,  viscoelasticity  is  generally  associated  with  polymers  only. 
Nevenhelcss,  it  is  important  to  note  the  generality  of  the  theory  of  viscoelasticity..  In  this  paper, 
polymers  and  polymeric  materials  will  be  synonymously  used  to  designate  viscoelastic  materials. 

Dynamic  mechanical  properties  of  polymers  are  generally  obtained  by  subjecting  a  specimen  to  a 
single  frequency  sinusoidal  excitation  and  measuring  the  response.  The  tests  are  then  repeated  over  a 
range  of  temperatures  and  frequencies.  Often  the  range  of  frequency  covered  by  an  instrument  is  not  large 
enough  to  fully  analyze  the  dynamic  mechanical  response  of  a  material  system.  The  principle  of  time- 
temperature  superposition  is  then  utilized  to  obtai.p  master  curves  that  presumably  approximate  a 
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mechanical  response  isotherm  for  a  wide  range  of  frequency  (or  time)  [1-4].  Note  that  the  effects  of 
moisture  (relative  humidity)  and  plasticizers  have  not  been  investigated  much. 

The  mechanical  behavior  of  polymeric  materials  becomes  non-linear,  even  at  a  moderately  large 
deformation.  Considering  the  complexities  and  a  lack  of  success  of  any  non-linear  viscoelastic  theory  to 
model  real  materials,  a  meaningful  discussion  of  the  topic  is  beyond  the  scope  of  this  article.  However, 
an  interested  reader  may  refer  to  the  authors  paper  [5].  This  paper  provides  a  brief  overview  of  the 
viscoelastic  behavior  of  polymers  with  a  discussion  of  the  glass  transition  phenomenon,  the  basic  theory, 
experimental  techniques  used  to  measure  the  dynamic  mechanical  properties,  and  the  time-temperature 
superposition  principle.  Also,  given  are  a  brief  description  of  a  novel  experimental  technique  known  as 
the  Fourier  Transform  Mechanical  Analysis  (FTMA)  [4],  and  a  modeling  scheme  developed  by  us  [6]. 

GENERAL  NATURE  OF  A  POLYMER  MECHANICAL  BEHAVIOR 

Polymers  are  long-chain  molecules  made  of  covalently  bonded  atoms.  They  exhibit  a  wide  spectrum  of 
mechanical  properties  depending  upon  their  chemical  composition  and  structure,  chain  orientation, 
molecular  weight,  cross  link  density,  and  morphology.  A  distinguishing  characteristic  of  polymers  is  the 
dependence  of  their  mechanical  properties  on  time,  frequency,  and  temperature  [1-3].  This  is  easily 
demonstrated  by  three  simple  tests.  A  constant  stress  applied  to  a  polymer  sample  will  produce  an 
instantaneous  deformation  which  then  continuously  increases  with  time.  This  process  is  known  as  creep. 
If  a  polymer  sample  is  deformed  to  and  held  at  some  constant  strain,  then  the  stress  required  to  maintain 
that  strain  continuously  decreases  with  time.  This  phenomenon  is  known  as  stress  relaxation.  When  a 
sinusoidally  varying  stress  is  applied  to  a  polymer  sample,  the  resulting  strain  lags  behind  by  an  angle 
from  0  to  90  degrees.  The  phase  angle  between  stress  and  strain  is  a  measure  of  the  energy  dissipated  due 
to  the  internal  friction  or  damping  property  of  the  material. 

The  material  functions  describing  mechanical  behavior  are  strong  functions  of  temperature. 
Typically  at  low  temperatures  viscoelastic  materials  are  stiff  and  brittle  while  at  higher  temperatures 
they  are  flexible  and  soft.  Interestingly,  the  effect  of  temperature  can  also  be  duplicated  by  time  or 
frequency,  as  shown  in  figure  1.  There  is  a  certain  region  of  time,  frequency,  or  temperature  called  the 
glass  transition  region  over  which  the  behavior  changes  rapidly  from  rubbery  to  glassy.  In  this  region 
polymers  are  highly  viscoelastic  and  useful  for  sound  and  vibration  damping. 

Glass  Transition  Phenomenon 

The  glass  transition  is  probably  the  most  important  property  of  polymeric  materials.  This  is 
evident  from  the  fact  that  every  time  a  new  polymer  is  synthesized,  the  first  property  one  determines  is 
its  glass  transition  temperature  (T  ).  It  is  generally  believed  that  glass  transition  is  a  failure  of  a 
material  to  crystallize  and  settle  info  a  thermodynamically  unstable  amorphous  state  known  as  a  glassy 
structure  [7,8].  Reference  (7)  lists  8  classes  of  materials  such  as  soda  lime  glasses,  acids,  alcohols, 
polymers,  metallic  alloys,  etc.  which  have  been  found  to  display  this  type  of  behavior.  When  liquids  of 
these  materials  are  cooled,  in  a  ^^rtain  region  of  temperature  their  viscosity  precipitously  increases  by 
several  orders  of  magnitude  (~t0  Pa),  probably  due  to  molecular  asymmetry.  This  increase  in  viscosity 
I  is  responsible  for  the  energy  dissipation  due  to  interna!  fnction  or  the  damping  property  of  polymeric 
I  materials.  Blowing  of  glasses,  molding  polymers  and  the  like  are  made  possible  by  this  phenomenon. 

I  Figure  2  shows  a  typical  plot  of  damping  factor  versus  temperature  at  several  frequencies.  The  peak 

I  of  damping  curve  shifts  to  a  lower  temperature  with  a  decrease  in  frequency.  Glass  transition  is  also 

I  believed  to  be  a  consequence  of  the  inability  of  a  material  to  maintain  equilibrium  with  the  external 

I  excitation.  At  lower  frequencies  a  material  is  able  to  follow  the  stimulus  down  to  lower  temperatures  and 

I  vice-versa.  Note  that  the  peak  of  a  damping  factor  curve  lies  approximately  half  way  between  the 

I  transition  region  shown  in  figure  1  and  is  not  the  glass  transition  temperature,  as  sometimes  used  in  the 

I  literature. 

I  During  a  glass  transition  many  other  properties  such  as  coefficient  of  thermal  expansion,  heat 

f  capacity,  compressibility,  dielectric  constants,  refractive  index,  etc.  also  show  dramatic  changes.  Glass 
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Figure  1.  Typical  stiffness  of  a  polymer  during  a  glass 
transition.  Note  frequency-temperature  equivalence. 


Figure  2.  Typical  loss  modulus  of  a  polymer 
in  a  glass  transition  region  showing  the  effect 
of  frequency. 


transition  temperature  is  generally  measured  by  calorimetric  methods.  The  value  of  T  obtained  by  thermal 
method  is  usually  lower  than  that  measured  by  viscoelastic  tests.  The  reason  fSt  the  discrepancy  is 
probably  due  to  the  differences  in  definition  of  glass  transition  temperature. 

The  glass  transition  phenomenon  has  several  interesting  as  well  as  provocative  properties. 
Complexities  of  the  process  can  be  illustrated  by  noting  the  following  behavior  [7,8].  Observed  glass 
transition  is  a  rate  dependent  process  and  the  kinetics  are  nonlinear.  Material  properties  (heat 
capacity,  expansion  coefficient,  etc.)  versus  temperature  curves  show  asymmetry  and  hysteresis.  The 
deviation  of  a  material  function  from  the  nominal  value  can  not  be  modeled  by  a  first  order  process  even 
very  close  to  thermodynamic  equilibrium.  Also,  this  deviation  cannot  be  predicted  by  any  known  theory. 

A  comprehensive  understanding  of  transition  process  requires  a  molecular  interpretation  [l,3,6-8]. 
As  temperature  is  lowered,  due  to  increase  in  viscosity  molecular  motion  becomes  sluggish.  Consequently, 
the  time  required  for  a  molecule  to  occupy  a  configuration  in  equilibrium  with  the  environment  increases. 
It  is  generally  referred  to  as  the  molecular  relaxation  time.  On  further  lowering  the  temperature, 
relaxation  time  gets  so  large  that  the  material  system  starts  losing  equilibrium  with  the  external 
changes.  At  temperatures  approaching  T  time  scales  become  infinitely  large  making  it  practically 
impossible  to  maintain  a  complete  thermodynamic  equilibrium  in  any  experimental  study.  Such  long  range 
processes  are  responsible  for  physical  aging  of  glassy  materials  and  for  the  same  reason  plastics  become 
brittle  with  time. 

Considering  the  importance  of  glass  transition,  it  is  intriguing  that  the  fundamental  principle 
governing  the  process  is  not  fully  understood.  Theoretically  the  problem  is  pursued  along  two  lines  of 
thought  [7].  One  school  of  thought  says  that  the  glass  transition  is  a  kinetic  process  and  has  nothing  to 
do  with  thermodynamics  whatsoever.  While  believers  in  thermodynamics  claim  that  even  though  the  observed 
behavior  appears  kinetic,  the  underlying  fundamental  principle  governing  the  process  is  the  second  order 
thermodynamic  transition.  The  second  order  transition  designates  a  discontinuity  in  the  second  derivative 
of  free  energy  with  respect  to  intensive  variables.  In  1933  Ehrenfest  argued  that  the  second  order  phase 
transitions  are  thermodynamically  admissible  just  as  the  first  order  transitions  of  metals,  water  and  etc. 
Following  his  work,  it  has  been  postulated  that  glass  transition  phenomenon  will  mimic  a  second  order 
transition  in  an  infinitely  slow  approach  to  glass  transition  temperature.  However,  the  second  order 
transition  has  never  been  realized  in  any  experiment. 

Recently  we  have  made  an  attempt  to  elucidate  the  process  using  a  phenomenological  model.  Our  model 
suggest  that  the  underlying  process  for  a  glass  transition  is  indeed  a  second  order  thermodynamic 
transition.  It  also  indicates  that  practically  it  is  impossible  to  attain  a  second  order  transition  and 
that  the  observed  behavior  is  kinetic.  We  believe  that  without  a  proper  model  of  glass  transition  process 
it  is  not  possible  to  develop  a  thermoviscoelastic  constitutive  equation. 
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BASIC  THEORY  OF  LINEAR  VISCOELASTICITY 


A  one  dimensional  form  of  constiutive  equation  for  linear  viscoelastic  materials  which  are 
isotropic,  homogeneous,  and  hereditary  (non-aging)  is  given  by  [2]: 


-1 


0(0  =  G(t,t-t’)Y(t’)df 


(1) 


where  the  kernel  G(t-t’)  is  a  monotonic  nonintreasing  function  of  time  known  as  the  stress  relaxation 
modulus,  o(t)  is  current  stress,  and  V(t’)  is  the  strain  rate  history. 

For  the  case  ^f  sinusoidal  strain  history  Eq.  1  can  be  transformed  to  yield  an  expression  for  t!ie 
complex  modulus,  G  (jw)  [2.4]: 

G*(ja))  =  G’(a))+jG”(£D)  (2) 

where  j  =  to  is  the  frequency,  and  G’((o)  and  G”(<o)  are  called  the  storage  modulus  and  loss  modulus, 

respectively.  G’  is  related  to  the  amount  of  energy  stored  and  released  in  a  cyclic  oscillation  and  G” 
indicates  the  energy  dissipated.  In  damping  applications  Eq.  2  is  expressed; 

G*(j(0)  =  G’(l+jti)  (3) 

where  q  is  designated  as  the  material  damping  factor  defined  as  the  ratio  of  G”  over  G’. 

For  a  sinusoidal  strain  Y(t)  =  y,  sin  oot  and  the  corresponding  stress  response  oft)  =  o,  (to)  sin  [cot  + 
5(co)],  where  y,  is  strain  amplitude,  o,  (to)  is  stress  amplitude  and  5((o)  is  the  phase  angle  between  stress 
and  strain,  the  storage  and  loss  moduli  can  be  written  as  [1-4]; 

o,  o, 

G’(to)  =  — cos6  ;  G”(<o)= — sin8  (4) 

7o  Yo 

Note  that  q  =  tan  5.  Thus,  dynamic  mechanical  viscoelastic  properties  may  be  measured  in  tests  with 
sinusoidal  strain  input  at  a  fixed  frequency. 

METHODS  FOR  MEASUREMENT  OF  DYNAMIC  MECHANICAL  PROPERTIES 

The  many  techniques  and  instruments  used  to  measure  the  dynamic  mechanical  properties  of  polymers 
are  shown  in  figure  3  [1,4].  Various  methods  can  be  classified  in  two  main  groups:  methods  which  ignore 
sample  inertia  effects  and  which  include  them.  The  methods  which  include  sample  inertia  effects  are 
suitable  for  measuring  high  frequency  data  (generally  above  1.0  kHz).  The  other  methods  can  measure 
material  properties  from  very  low  to  moderate  frequencies  (O.OlHz  to  ~2,0kHz.).  Each  method  has  certain 
advantages  and  limitations 

In  direct  stress-strain  measurement  methods,  material  properties  arc  determined  by  measuring  the 
response  of  the  sample  to  a  sinusoidal  input.  Dynamic  mechanical  properties  arc  obtained  over  a  range  of 
frequencies  arid  temperatures  using  one  sample  as  long  as  wave  effects  in  the  specimen  are  negligible.  The 
methods  are  simple,  and  material  properties  are  obtained  without  making  an  assumption  about  the  material 
behavior.  Probably  for  these  reasons  the  techniques  are  often  preferred. 

Resonance  methods  determine  material  properties  at  the  sample  resonance  frequencies.  A  polymer 
sample  is  forced  to  oscillate  at  the  resonance  frequency  of  the  system.  The  basic  ideal  is  the  same 
whether  sample  inertia  is  included  or  not.  Several  samples  may  be  required  to  cover  an  adequate  range  of 
frequency  and  temperature.  Also,  a  few  questionable  assumptions  arc  made  in  calculations  regarding  the 
nature  of  material  behavior.  The  main  advantage  of  these  techniques  are  that  the  force  required  to 
oscillate  samples  is  relatively  small. 
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Figure  3.  A  classification  of  methods  for  measuring  dynamic  mechanical  properties  of 
polymeric  materials. 

The  ri'ee  oscillation  methods  require  measurement  of  the  attenuation  and  the  natural  frequency  of 
oscillation.  A  sample  is  made  to  execute  free  oscillations.  The  natural  frequency  and  amplitudes  of 
successive  peaks  on  one  side  of  the  mean  are  measured.  Material  properties  are  then  determined  by 
assuming  a  logarithmic  dissipation  mechanism.  Many  samples  may  be  required  to  cover  a  range  of  frequency. 
These  methods  are  simple  to  use.  Again,  the  main  idea  is  the  same  in  both  methods  that  include  sample 
inertia  and  that  exclude  sample  inertia. 

Wave  propagation  methods  are  used  for  measurements  requiring  relatively  high  frequency  material 
properties.  A  long  thin  strip  is  generally  used  as  a  sample.  Travelling  waves  are  set  up  by  clamping  one 
end  of  sample  and  exciting  the  other  end  by  a  single  frequency  sinusoidal  wave  or  a  short  duration  pulse. 
The  attenuation  factor  and  the  phase  angle  of  the  travelling  wave  are  measured.  Material  properties  are 
then  obtained  solving  wave  equations  for  viscoelastic  materials.  Using  these  schemes  material  properties 
have  been  measured  upto  lOOkHz. 

Many  instruments  have  been  developed  based  on  the  above  methods.  Typically,  most  of  these 
instruments  measure  dynamic  mechanical  responses  to  a  single  frequency  sinusoidal  input.  To  characterize 
the  viscoelastic  properties  of  a  material,  the  tests  are  repeated  over  a  range  of  temperatures  and 
frequencies.  This  is  sometimes  done  at  a  fixed  firequcncy  while  the  polymer  specimen  is  heated  or  cooled 
and  measurements  are  made  periodically  at  different  temperatures.  Another  method  utilizes  frequency 
variations  while  the  temperature  is  held  constant.  In  both  procedures,  the  material  is  subjected  to 
cyclic  deformation  over  a  period  of  time  with  uncontrolled  temperature  rise,  loss  of  volatiles  and  other 
changes  from  energy  dissipated  in  the  material.  These  effects  may  be  compounded  by  lags  of  sample  from 
ambient  temperature  if  heating  is  carried  out  at  constant  frequency.  Another  problem  associated  with 
temperature  sweep  is  the  inability  of  a  sample  to  maintain  the  thermodynamic  equilibrium  at  temperatures 
close  to  glass  transition  temperature.  Thus,  it  is  difficult  to  obtain  truly  isothermal  properties  using 
most  of  the  commercial  instruments. 

Another  problem  with  these  instruments  is  determination  of  mechanical  properties  of  moisture 
sensitive  materials.  Such  materials  have  tendency  to  gain  moisture  when  subjected  to  mechanical 
excitation  at  constant  relative  humidity  and  temperature.  This  makes  single  frequency  tests  impractical 
for  isomoisture  studies  over  a  range  of  frequencies. 

We  have  developed  a  novel  technique  known  as  the  Fourier  Transform  Mechanical  Analysis  (FTMA)  to 
measure  dynamic  mechanical  properties.  FTMA  measures  the  complex  moduli  over  a  range  of  fr'equencies  in 
one  test  by  exciting  the  sample  by  a  random  signal  (band  limited  white  noise)  [4].  FTMA  overcomes  or 
circumvents  problems  inherent  in  other  test  methods  because  it  measures  dynamic  mechanical  properties  over 
a  wide  range  of  frequency  with  minimal  temperature  and  moisture  changes  within  the  sample.  A  brief 
description  of  FTMA  is  provide  next. 
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Formulation  and  Measurements 

Spectral  analysis  techniques  to  study  the  behavior  of  polymers  subjected  to  dynamic  mechanical  loads 
and/or  deformation  are  called  Fourier  Transform  Mechanical  Analysis  (FTMA)  [4].  If  the  strain  Y(t)  is  an 
arbitrary  function  of  time,  then  Eq.  (1)  can  be  transformed  to  yield  an  explicit  expression  for  the 
spectra  of  G  (jo))[2,4]: 


G  (ja)  = 


£(<o) 

r((n) 


(5) 


where  r((a)  and  £(o>)  are  the  Fourier  transforms  of  attain  and  stress,  respectively.  Eq.  (S)  can  be  used  to 
determine  G’(0))  and  G''(m)  over  a  range  of  frequency  in  one  test  if  an  appropriate  strain  input  is  used. 
White  noise  would  seem  to  be  ideal  since  it  contains  all  frequencies  [4}. 

A  schematic  diagram  of  the  experimental  system  is  shown  in  figure  4.  An  impedance  head  is  used  to 
measure  the  force.  A  scheme  known  as  the  "mass  cancellation"  is  used  to  obtain  the  force  applied  to  the 
polymer  from  the  total  force  measured  by  the  impedance  head.  The  shear  strain  is  determined  by  twice 
integrating  the  relative  accelerations  between  the  sample  mounts.  To  minimize  the  effect  of  bending 
deformation,  the  sample  length  to  thickness  ratio  must  be  kept  10  or  more.  The  ratio  of  shear  wave  length 
to  the  sample  thickness  must  be  IS  or  more  to  avoid  wave  effects.  FTMA  provides  a  direct  method  for 
determining  the  frequency  at  which  inertial  effects  become  noticeable. 

To  study  effects  of  temperature,  the  entire  sensor  and  sample  assembly  is  placed  in  a  chamber  with 
controlled  temperature  and  humidity.  A  typical  test  takes  less  than  5  seconds,  and  tests  are  run  at  least 
20  minutes  apart.  Thus,  temperature  rise  due  to  internal  friction  in  the  test  sample  is  minimized. 


DLscussion 

Figure  5  shows  a  typical  result  of  directly  comparing  three  methods  for  determining  loss  modulus  on 
the  same  sample.  The  points  were  determined  with  a  commercial  Rheovibron.  The  dashed  line  shows  results 
with  forced  vibration  using  single  frequency  sinusoidal  inputs.  The  solid  line  shows  FTMA  data  from 
random  noise  inputs. 

The  primary  feature  of  FTMA  is  the  fact  that  a  complete  isotherm  is  obtained  in  just  a  few  seconds. 
This  saves  time  and  effort  and  aiso  gives  better  data  in  the  case  of  sensitive  materials,  such  as  natural 
products,  which  may  change  during  long  exposure  in  a  test  chamber.  Changes  induced  by  energy  dissipation 
within  the  sample  are  minimized.  FTMA  readily  provides  direct  assessment  of  sample  inertia,  bending  and 
geometry  effects.  This  would  be  very  difficult  with  single  frequency  instruments  The  Fourier  transform 
technique  is  perfectly  general.  It  may  be  used  also  to  study  non-linear  viscoelastic  properties  [5]. 


TBOlCffOUNMtlON 


Figure  5.  Comparison  of  NBR  loss  modulus  obtained 

Figure  4.  A  schematic  diagram  of  FTMA  technique,  by  three  different  methods.  Points  arc  Rheovibron  data. 
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TIME-TEMPERATURE  SUPERPOSITION  PRINCIPLE  AND  MASTER  CURVES 


Often  the  range  of  frequency  covered  in  a  measurement  is  not  large  enough  to  fully  analyze  the 
dynamic  mechanical  response  of  material  system.  The  principle  of  time-temperature  superposition  is  then 
utilized  to  obtain  master  curves  that  presumably  approximate  a  mechanical  response  isotherm  for  a  wide 
range  of  frequency  (or  time).  A  master  curve  is  a  graphical  representation  of  a  viscoelastic  property  of 
the  material  at  a  given  temperature.  The  underlying  assumption  is  that  the  mechanical  behavior  of  a 
material  at  all  temperatures  is  governed  by  the  same  viscoelastic  mechanism.  This  assumption  has  been 
found  unsuitable  in  many  cases.  However,  it  is  very  much  in  use  and  it  does  provide  a  limited,  semi- 
empirical  perspective  on  the  effect  of  frequency  and  temperature. 

The  tempeniture-time  equivalence  was  first  suggested  by  Leaderman  in  1941  while  studying  creep 
recovery  behavior  of  textile  materials  [9].  Then  in  1945  Tobolsky  and  Andrews  [10]  developed  master 
curves  by  horizontal  translation  on  logarithmic  time  axis  of  different  temperature  sffess  relaxation  data. 
But  the  procedure  was  popularized  by  Ferry  and  coworkers,  who  in  1957  gave  an  empirical  equation  for  the 
shift  factor  to  construct  master  curves  [11].  It  is  known  as  the  WLF  (Williams,  Landel,  Ferry)  equation 
and  is  probably  the  most  widely  used  equation  in  polymer  viscoelasticity.  WLF  equation  is  also  awnriatMt 
with  the  free  volume  concept  in  polymers  [7].  This  concept  was  latter  used  to  provide  a  theoretical  basis 
of  the  WLF  equation.  It  has  been  also  used  to  develop  kinetic  theory  of  glass  transition  phenomenon  [7]. 
In  many  cases,  it  has  provided  an  acceptable  representation  of  material  behavior  and  it  has  failed  many 
times  also. 

The  equivalence  of  frequency  (or  time)  -  temperature  implies  that  the  effect  of  temperature  on 
viscoelastic  properties  is  to  multiply  (or  divide)  the  frequency  scale  by  a  constant  factor  at  each 
temperature.  In  construction  of  master  curves,  sometimes  a  vertical  shift  is  also  required.  The  rational 
behind  this  is  that  material  volume  changes  with  temperature  and  vertical  shift  factor  is  a  correction  for 
the  change.  There  are  also  other  equations  that  are  used  to  model  the  shift  factor.  One  of  the  other 
popular  equation  is  Arrhenius  equation  [3].  'nieoretical  basis  of  the  procedure  is  not  very  profound. 
Nevertheless,  there  seems  to  be  some  equivalence  between  frequency  (or  time)  and  temperature  with  respect 
to  viscoelastic  properties.  However,  this  process  is  not  suitable  for  treating  the  obvious  effects  of 
moisture,  plasticizers,  molecular  weight,  ect.  Also,  it  does  not  provide  a  constitutive  model.  We  have 
developed  a  scheme  that  yields  a  complete  constitutive  equation  of  viscoelastic  materials.  The  time- 
temperature  superposition  is  an  integral  part  of  the  modeling  scheme  with  a  quantitative  description  of 
the  glass  transition  of  polymers. 

CONSTITUTIVE  MODEL 

The  model  is  based  on  postulates  of  generally  observed  temperature  dependent  behavior  of  polymers 
and  our  recent  development  of  a  new  model  of  the  glass  transition  phenomenon  [6].  We  postulate  that  the 
entire  response  is  a  sum  of  three  distinct  parts  without  the  loss  of  any  generality.  First,  all  materials 
attain  the  highest  modulus  at  absolute  zero  temperature.  Second,  the  modulus  of  all  materials  decreases 
with  increase  in  temperature.  The  third  part  is  the  glass  transition  region  which  is  unique  to  polymers 
(or  amorphous  materials  in  general).  It  is  characterized  by  three  parameters:  first,  the  height  of 
transition;  second,  the  width  of  transition;  and  third,  the  temperature  of  Tg. 

We  argued,  on  the  basis  of  thermodynamics,  that  all  isofrequency  responses  would  converge  at  a  point 
at  low  temperature  [ti].  This  point  is  the  second-order  thermodynamic  glass  transition  temperature.  A 
complete  temperature  and  frequency  dependent  behavior  of  a  viscoelastic  material  is  given  as; 


where  T  =  temperature  in  Kelvin,  and  B  ,  B  .  h.  T^,  K^.  N^.  and  S  are  modulus  at  T  slope,  transition 
height,  transition  mid  point,  power  law  exponent,  parameter  giving  Die  location  of  illative  to  the  mid 
point,  and  transition  spread  at  one  Hz  (see  figure  1). 

Figure  6  shows  polyisobutylene  storage  modulus  versus  temperature  at  various  frequencies.  The  lines 
are  model  contours  and  the  point  of  convergence  is  the  theimodynamic  second  order  glass  transition 
temperature.  To  verify  the  model,  shift  factors  were  determined  to  construct  a  master  curve.  Figure  7 
shows  a  comparison  of  model  prediction  and  polyisobutylenc  storage  modulus  data  at  various  temperatures. 
Excellent  results  were  obtained  for  the  loss  modulus  and  loss  factor  by  using  shift  factors  derived  from 
the  storage  modulus.  Another  class  of  polymer,  NBR  was  also  studied  with  good  rcsulte.  Our  model 
provides  a  simple  procedure  to  study  the  glass  transition  phenomenon  and  construct  master  curves. 


Figure  6.  Convergence  of  polyisobutylene  various  Rgure  7.  Comparison  of  model  prediction  with  actual 

frequencies  G’  data  second  order  transition  temperature,  data  of  polyisobutylene  G’. 

REFERENCES 


1.  f.  D.  Ferry,  Viscoelastic  Properties  of  Polymers,  3rd.  ed.,  John-Wiley  &  Sons  Inc.,  New  York, 
(1980). 

2.  R.  M.  Christensen,  Theory  of  Viscoelasticity  an  Introduction,  2nd.  ed..  Academic  Press  Inc.,  New 
York.  (1982). 

3.  I.  M.  Ward,  Mechanical  Properties  of  Solid  Polymers,  Wiley-Interscience,  Inc.:  New  York,  (1983). 

4.  S.  N.  Ganeriwala  and  H.  A.  Hartung,  in  Sound  and  Vibration  Damping  with  Polymers,  Eds.  R.  D.  Corsaro 
and  L.  H.  Sperling,  ACS  Symposium  Series  424,  American  Chemical  Society,  Washington  D.  C.,  (1990); 
also,  J.  Acoust.  Soc.  Am.,  in  Progress. 

5.  S.  N.  Ganeriwala,  and  C.  A.  Rotz,  Polym.  Eng.  Sci.,  27, 2,  (1987) 

6.  S.  N.  Ganeriwala  and  H.  A.  Hartung,  in  Constitutive  I.aws  for  Engineering  Materials:  Recent  Advances 
and  Industrial  and  Infrastruciure  Applications,  Eds.  C  $.  Desai,  E.  Krempl,  G.  Frantziskonis,  and 
H.  Sa.<idatnu(nesh,  ASME  book  Series,  ASME  Press,  New  York,  (1991).  and  J.  Chem.  Phys.,  in  Progress. 

7.  M.  C.  Shen,  and  A.  Eisenherg,  Rub.  Chem.  Tech..  43,  (1970),  95-155. 

8.  C.  A.  Angell,  D.  R.  MacFailane,  and  M.  Oguni,  in  Dynamic  Aspects  of  Structural  Changes  in  Liquids 
and  Glasses,  Eds.  C.  A.  Angell  A  M.  Goldstein,  The  New  York  Academy  of  Sciences,  (1986),  241-247. 

9.  H.  Leadetman,  Textiles  Re.seat?h  J.,  1 1. 171,  (1941). 

10.  A.  V.  Tobolsky  and  R.  D.  Andrer/$.  J.  Chem.  phys.,  13, 3,  (1945). 

11.  Williams,  M.  L.;  Landd,  R.  F.;  and  Ferry,  J.  D.  J.  A.m.  Chem.  Soc.,  77,  (1955),  3701-3707. 

1394 


SECOND  INTERNATIONAL  CONGRESS  ON 
RECENT  DEVELOPMENTS  IN  AIR-  AND 
STRUCTURE-BORNE  SOUND  AND  VIBRATION 

MARCH  4^.  1992  AUBURN  UNIVERSIIY.  USA 


A  NEW  APPROACH  JO  LOW  FREQUENCY  ApOj^USTIC  PROBLEM 
DECISIONS  BASra  ON  THE  VECTOR-PHASE  ^erH0DS. 

Gordienico  V.A. ,  Goncharenko  B. I.,  Koropchenko  A. A. 

Departaent  of  Acoustics,  Faculty  of  Physics. 

Moscow  State  University,  119899,  Moscow,  Russia 


ABSTRACT 

The  conception  of  the  vector-phase  aethods  based  on  siaultaneous 
aeasureaents  of  the  acoustic  pressure  field,  of  three  orthogonal 
conponents  of  the  particle  velocity  and  the  differencies  of  ph^e 
between  thea  in  a  separate  points  of  a  aediua  is  proposed.  This 
approach  does  not  require  potentiality  condition  being  valid,  therefore 
it  can  be  used  for  the  low  sound  frequency,  for  infrasound,  during 
aeasureaents  in  a  aoving  aedla  by  aeans  or  the  receivers  of  finite  sizes 
and  so  on.  ■ 

The  aethods  available  for  deteraination  of  coaplicated  source 
directivity  patterns  froa  aeasureaents  in  a  near  field  with  a  noise,  of 
reflected  properties  of  the  structures  or  of  the  direction  on  a  low 
frequency  signal  source  froa  results  of  aeasureaents  in  a  point  are 
observed. 

The  aethods  are  confiraed  by  the  results  of  experiaents  where  three 
coaponent  pressure  gradient  receiver  created  by  the  authc'-s  has  been 
used. 

INTRODUCTION 


The  classic  aethod  of  acoustic  field  description  is  based  on  using 
of  the  special  function  naaed  as  the  velocity  potential  4Cr,t): 

V(r,U  =  -  jrod  Wr,!)  (1.1) 

The  pressure  field  is 

PCr,t)  *  p  w  (1.2) 


where  p  denotes  the  density  of  a  aediua. 

But  usina  of  the  function  4(r.t)  as  Ea.(l.l)  aives  an  oDoortunitv 


or  for  aoving 'aedia.'  The  genial' exi^eKion  ^for  the  vrotor 
according  to  the  Halaholtz  theorea  aay^te  written  as  a  sua  of  scalar 
potential  4(r,t)  and  vector  potential  p(r,t) 

V(r,t)  =  -  $rad  ♦(r,t)  ♦  rot  pCr,!)  (1.3) 


The  first  tera  describes  the  potential  comcment  of  tl«  acoustic 
field,  the  second  one  describes  a  radiation  (or  reaction  of  the 
receiver  on  a  radiation)  due  to  hydrodynaaic  processes  in  a  aediua 
(vortexes,  turbulence  jxilsations. )  In  this  c^  we  aust  aeasure  at  least 
two  characteristics  of  the  acoustic  field  for  rigth  reconstruction  of 
the  field.  As  we  think  it  is  the  aost  convenient  to  choose  the  sound 
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pressure  PCr,t)  and  the  particle  velocity  VCr,t). 

The  approach  to  acoustic  problems  decision  which  does  not  reqtjire 
potentiality  condition  beinq  valid  and  based  on  simultaneous 
measurements  of  the  sound  pressure  and  the  particle  velocity  (  or  the 
pressure  gradient)  in  some  points  of  a  medium  we  have  named  as  the 
vector-phase  methods  in  acoustics  [11. 


THEORY 

In  terms  of  the  vector-phase  methods  we  propose  to  use  4-d  vector  P 
<Vx,Vy,Vz,  P>..  It  is  known  that  for  a  frequency  f  =  the  first 
moment  of  P  is 


<Pj>^  =  -4"  ^  ^  ^ 

0  4 

where  t  is  more  or  equal  to  T  = 

But  the  second  moment  differs  from  zen 

<P‘>^  5  Pf  =  -4-  I  CP*(t)  -  <P*>  )  dt  =  }  P*Ct)  dt 
0  0 
We  can  write  Eq.  (1.5)  as  matrix  R 

R  =P  w  (  P”^  )* 

where  P"^  denotes  the  transposed  value  of  P, 

C  P^  )*  denotes  the  complex  conjugate  value  of  P^. 

After  that  we  have 

4-  P.'  I"  '  "n.'  *  J  I" 

It  is  'clear  that  R  is  a  tensor.  The  expressions  R  have 

nm  p  nm 

dimension  of  acoustic  power.  It  is  convenient  to  express  them  so  that 
the  average  square  values  be  real.  For  that  we  input  new  tensors 

sO'*  =  4-  C  R  +  R*)  (1.8) 

cind  i  V  i  ^ 

=  “2“  ^  R  ■  R  ^ 

As  a  result  R  =  +  j 

The  tensor  S"'*  is  symmetric  that  is  5“'’  =  S*’'*;  $'’'*=  = 

nm  mn 

jS(k>T]W  S<«>  ^5  antisymmetric,  i.e.  S‘*>  =  -  =  0. 

•'  nm  nw  nn 

Symmetric  terms  determine  coherent  (active)  part  of  correlation 

function  of  proper  pairs  of  acoustic  field  components,  antisymmetric 

terms  S‘ •’determine  noncoherent  (reactive)  one..  It  is  obvious  that  terms 
mr 

S^^’((<))  are  the  spectral  density  of  pressure  and  of  particle  velocity 

projections.  The  matrix  elements  S^’  (if  m  =  4)  name  of  projections  of 
acoustic  power  flux  intensity  on  direction  and  denote  Wj^^.  The  elements 

S^*’  correspond  to  components  X,  Y  and  Z  of  reactive  density  of  acoustic 
power  and  denote  as  The  projection  of  acoustic  power  flux  on 

direction  r  is 


(1.4) 

(1.5) 

(1.6) 

(1.7) 
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Cl. 10) 


w  - 

"r  • 


1 


Re  CPV*)  = 


1 

"T“ 


(PV^  P*V) 


The  full  energy  of  acoustic  field  consists  of  active  and  reactive  parts. 
It  may  be  written  in  matrix  notation  as 

Cl. 11) 


s  =  /R„„  e  R” 

Notice  that  the  tensor 


has  10  independent  elements,  the  tensor  S‘ 

nn  nn 

<•) 


has  only  6  ones  Cso  as 
independent  .  elements 


Therefore  one  can  use  the  matrix  of  16 
description  of  the  field  energy 


S’:  *  0). 

_ r _  _  for 

ChSLP  2LC^6r  1  1  cs 

Note  that  the  energy  tensor  contains  all  information  about  amplitude  and 
phase  characteristics  of  acoustic  field  in  a  point. 

Very  often  it  is  useful  to  know  the  cross  correlation  coefficients. 
We  can  define  them  as 


=  S*!!*  /  /r__  +  R 


Cl. 13) 


<«) 


p*-.S 

^nm  nn 


+  R. 


mm 


Cl. 13) 


General  Relations  between  Matrix  Components  in  Homogeneous  Space 
Far  field 

Now  we  shall  try  to  define  the  matrix  elements  for  various  cases. 

,  Consider  the  particle  motion  in  a  medium  without  vortexes.  The 
scalar  potential  for  the  acoustic  field  of  N  sources  can  be  written  as 

$  =  CQ/4jr)  expCjCcot  -  kr  +  S^^)]  Cl.U) 


where  denotes  the  initial  phase  of  a  sourse, 
Q  denotes  its  productivity 


If  N 


1  than  — . 

P  =  P  exp  Cj  Ccot  -  kr  +  S  )] 

V  =  P  cos  (p  sin  a  exp  C 1  C»t  -  kr  +  0  )] 

Vy  =  PgSin  (p  sin  a  exp  Cj  C«t  -  kr  +  0^)] 

V,  =  P  cos  a  exp  CJ  Cut  -  kr  +  0  )] 

Z  0  ♦  V  0 


Cl. 15) 


From  Eq.  Cl.,15)  we  can  obtain 
pS/CV*  +  V*  +  V*)  =  1 

X  y  z 


K  = 

K  = 

W,  r  0 

1  X 

iy 

i  z 

^xy 

=  Pxr 

II 

N 

II 

±  1 

p* 

'^xy 

= 

II 

II 

0 

Cl. 16) 


These  relations  describe  a  plane  training  wave.  In  this  case  one 
always  can  choose  such  a  coordinate  system  vmere  a  wave  spreads  only 

along  one  axis,  for  example  Z,  and  the  matrix  S  is 

nn 
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0 

0 

V 

0 

0 

w 

P* 

Cl. 17) 


Having  N  sources  the  displacements  of  particles  can  be  written  as 

jojt  jS 


cos  (f)^ 

sin  a  e  =  e  f  e 

L  *  0 

1  SI 

sin  4>^ 

j((0t+Si)  j(0t 

<r 

11 

p- 

sin  a  e  =  e  n  e 

1  0 

Cl.  18) 


Note  Eq.Cl.18)  as 

=>  X  =  ?gCOS  T 

7)  ^  y  =  VgOQs  Ct  -  ry'> 
&  4  2*  ^gCos  Ct  -  yz) 


Cl. 19) 


It  is  clear  that  the  particles  move  along  elliptic  orbits  C if  A  and 
Q.  does  not  depend  on  time).  These  orbits  are  lied  in  plane  A^x  +  B^y  + 

C^z  *  0,  where  A^  =  cos  Cy^  -  *  cos  =  sin 

In  this  case  there  is  not  the  direction  r  for  that  =  0.  Lets  choose 

the  axis  X  along  that  amplitude  of  displacement  is  maximum.  The  axis  Y 
is  perpendicular  to  it. 

After  that 
P  .  ,  =  0 


p*,  =  1 

Kjj/y. 


P=/  cv=,  +  Vp  =1  Cl. 20) 

If  the  field  is  created  by  a  sot  of  random  sources  with  a  homogeneous 
distribution  on  a  plane  or  a  closed  surface 


p^/  (v*  +  V=  +  V*)  =  1 
X  y  z 

p  =  p*  %  0 
J  J 


Cl. 21) 


Near  field 

In  the  near  field  there  is  always  a  reactive  density  of  acoustic 
energy,  hence,  the  coefficient  is  less  than  1  and  the  difference  of 
phase  between  P  and  V  differs  from  zero. 

In  the  near  field  the  relations  between  amplitude  and  phase  values 
of  pressure  and  particle  velocity  projections  are  determined  by  source 
type.  For  example,  for  a  radial  component  of  the  particle  velocity  on  a 
distance  r  from  the  source  we  have 


-  4-  =1 

V* 

V/*  =  Ckr)*  /  [Ckr)*  +  11 
^  -  Ckr)^  +  Ckr)* 

4  +  Ckr)* 


-  a  plane  wave 

-  a  concentrated  monopole  Cl. 22) 

-  a  concentrated  dipole 
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In  case  of  a  monopole  all  the  particles  move  along  the  radious  euid  the 
velocity  of  their  motion  is 

V  "  “pc  j  pc  icr  Cl. 23) 

For  a  dipole  the  tangencial  component  of  velocity  appears  and 

P  =  -^  1  +  jkr)  cos  B  Cl. 24) 

r* 

0  -  rtr  V  -  P  iP  C  2  ■»•  ikr) 
r  "  ^  "  pc  pc  kr  i  1  +  Jkrj 

n  -  -  _ -IP  _  a 


Pfl  =  pc  Vfl  =  - 


cos  8 


It  is  obvious  that  the  particles  move  along  ellipses  and  the  energy  flow 
consists  of  two  parts:  Wj^  and  Wj.  That  is  in  a  near  fielcf  of  a 

complicated  source  reactive  component  of  energy  appear.  The  function  rot 
Wjj  does  not  equal  to  zero  for  elliptic  motion. 

DECISION  OF  SOME  APPLIED  PROBLEMS 

The  conception  of  the  vector-phase  methods  allows  us  to  decide  a 
lot  of  acoustic  problems.  In  this  paper  we  consider  some  of  them, 
namely,  impedance  measurements  for  various  structures,  the  determination 
of  the  direction  to  a  source  and  its  classification,  the  determination 
of  complicated  source  directivity  patterns. 

It  is  well  known  that  the  sound  reflection  coefficient  for  a  plane 
boundary  may  be  written  as 

-j  g- 


where  8,Z  denote  the  angle  to  the  normal  and  the  input  impedance 

r©SD0Ct#iY0l  V 

In  our  experiments  we  used  the  combined  receiver  which  consists  of 
sound  pressure  receiver  and  the  vector  one.  The  vector  receiver  created 
by  authors  gives  an  opportunity  to  measure  three  components  of  the 
pressure  gradient  (or  the  particle  velocity).  Expressing  the  vector 
receiver  sensitivity  in  units  of  the  sound  wave  pressure,  we  can 
measure  two  signals  from  channels  P  and  Z  and  use  the  formula 
P  cos  0  -  V_ 

'' ' '''S’ ' -Foorm^ 

where  denotes  the  vertical  component  of  particle  velocity.  After 

that  from  frequency-angle  dependencies  one  can  say  about  complication  of 
any  object.  In  practice  we  used  this  method  for  determination  of 
thickness  of  layers  in  a  sea  coast.  The  obtained  results  are  illustrated 
in  Fig. 1  where  the  dependence  VC0)  on  a  frequency  has  shown. 

^  ,  For  the  case  of  a  small  reflection  coefficient  VC0)  (for  example 
during  determination  of  reflecting  properties  of  anechoic  chamber  walls) 
it  is  more  convenient  to  measure  the  acoustic  power  flux.  This  approach 
allows  us  to  determine  the  value  of  VC0)  up  to  0.01  -  0.1. 

The  second  important  pecualirity  of  the  vector-phase  methods  is  an 
opportunity  to  reconstruct  the  acoustic  field  from  measurements  of  its 
characteristics  in  one  point..  This  approach  is  based  on  using  of  the 
Tailor  formula 


PCM)  =PCM^)  +  ^  • 


(1.27) 
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where  corresponds  to  a  point  of  measurements,  M  denotes  any  point  of 

a  medium  where  we  want  to  define  the  acoustic  field. 

While  measured  all  the  parameters,  we  can  determine  the  field.  As  a 
rule  the  full  reconstruction  is  not  necessary  in  a  reality.  Usually  it 
is  enough  to  measure  only  a  number  of  first  terms  of  this  row.  For 
example  we  can  get  information  about  the  direction  on  a  signal  source 
from  measurements  only  the  pressure  and  its  three  gradient  projections 
that  is  the  first  and  the  second  terms  in  Eq. C1.26).  In  addition  we  can 
also  determine  the  source  type  for  some  cases.  As  shown  above  the  ratio 
P  /  V  carries  information  about  a  source  (  Eq. C1.22  )). 

Besides  the  classification  of  sources  is  possible  using  measurements 
of  the  phase  differency  between  the  pressure  and  the  particle  velocity. 
If  source  directivity  being  independent  on  a  frequency  than  after 
measurements  of  the  phase  differency  on  any  two  frequencies  we  can 
determine  the  source  type. 

If 

tg 

TgT^  =  lc7 
If 

tg  A0,  k’ 

Here  k^  and  are  the  wave  numbers  for  the  first  and  the  second  waves 
respectively,  denote  the  phase  differencies. 

It  is  useful  to  note  that  the  determination  of  the  direction  on  a 
signal  source  by  means  of  the  vector-phase  methods  is  widely  spread  in 
nature.  Many  insests  use  such  approach.  For  example  a  grasshopper  has 
acoustic  organs  like  the  pressure  gradient  receiver  disposed  in  nis  fore 
tarsi.,  It  is  shown  in  Fig. 2 


this  is  a  roonopole  (1.28) 

this  is  a  dipole  (1.29) 


The  vector-phase  methods  allow  to  determine  directivity  patterns  of 
complicated  sources.  This  technique  is  based  on  application  of  the 
Halmgoltz  integral  theorem 

P(M)  =  f*  |P(N) 


3Pyi2.G(N) 

cm  on 


JdS 


(1.30) 


where  P(M)  is  a  pressure  in  a  point  M,  G(N)  being  the  Green  function.  N 
denotes  the  points  on  the  closed  surface  S. 

Using  of  the  vector  receiver  give  an  opportunity  to  define  the 
directivity  patterns  of  a  source  without  calculations  of  the  second 
term.  Besides  this  techique  is  accurate  and  noiseproof  so  as  additional 
sources  and  reflections  from  boundaries  have  weak  influence.  Lets 
represent  the  field  in  a  point  N  as  sum  of  the  field  P  from  the  sources 

on  the  surface  S  and  of  the  field  P^  formed  by  the  outside  sources. 

P(N)  =  P  (N)  +  P  (N) 

p  » 


ap(N)  ^ 
~dr\ 


aP„(N) 


ap  (N) 

“ar 


After  using  of  the  Halmgoltz  operator  to  the  full  field 


L  [P(N)] 


'  4?  ”  {w"> 

=  L  [P  (N)]  +  L  [P.(N)] 

p  • 


aG(N)  _ 

-m - 


ap(N) 
an 

=P„(M) 

p 


G(N) 


(1.31) 

P(N)  we  have 
dS= 

(1.32) 
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Beatn  pattern 


25-30kHi 


Acoustic  receiver  of 
Teitigonia  cantons: 
i~  memtranes  of 
pressure  receiver-^ 
2-  membrane  of 
pressure  gradient 
receiver. 


Therefore  the  sound  field  in  a  point  M  of  the  far  field  is  formed  by 
only  "directed"  sources  being  inside  the  volume  enclosed  the  surface  S. 

L  [T^CN3]=  0,  because  the  ^ints  of  the  rest  sources  lie  outside  the 

volume.  The  reconstructed  field  is  shown  in  Fig. 3. 

Such  approach  allows  to  use  the  vector  receiver  as  the  receiver  of 
seismoacoustic  signals.  This  is  very  important  during  measurements  of 
sound  field  from  a  remote  source  in  atmosphere.  It  is  well  known  that 
sound  beams  deflect  from  the  ground.  As  a  result  a  shadow  zone  appears. 
The  situation  becames  more  complicated  with  wind.  Using  of  proposed 
vector  receiver  allows  to  decrease  the  influence  of  the  atmosphere 
conditions.  Besides  three  component  pressure  gradient  receiver  give  an 
opportunity  to  define  the  type  of  polarization  wave.  In  the  case  of  a 
sound  source  situated  on  the  ground  there  are  acoustic  wave  spreading  in 
the  air  and  seismoacoustic  wave  with  elliptic  polarization  in  vertical 
plane.  From  measurements  of  seismoacoustic  waves  we  can  define  the 
direction  on  a  source.  This  is  shown  in  Fig. 4. 

CONCLUSIONS 

The  general  approach  to  acoustic  problems  decision  based  on  the 
vector-phase  conception  is  proposed.  This  approach  allows  to  explain 
various  experimentral  results  from  one  point  of  view.  The  authors  used 
it  in  aero-,  hydro-  and  seismoacoustics.  They  have  decided  some  applied 
tasks,  for  example,  the  determination  of  direction  on  a  signal  source, 
of  reflected  properties  of  the  structures,  of  the  directivity  patterns 
of  the  sources. 
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ABSTRACT 

Steel  sheets,  when  transported  by  electromagnetic  sheet-piler,  ra¬ 
diate  sound  with  high  pressure  levels.  The  gratest  contribution  is  that 
from  the  back  ends  of  the  sheets.  Vibration  of  sheet  is  modelled  as  vib¬ 
ration  of  beam  with  moving  supports.  Vibration  of  the  back  end  of  sheet 
is  considered  as  vibration  of  a  cantilever  beam  whose  length  is  a  perio¬ 
dic  function  of  time.  The  governing  equation  in  the  last  case  may  have 
both  steady  and  unsteady  solutions.  The  critical  velocity  of  sheets  on 
the  piler  is  determind  by  the  condition  of  steadiness  of  sheet's  vibra¬ 
tion. 


Electromagnetic  sheet-pilere  are  one  of  the  most  powerful  sound 
sources  in  rolling  production.  Service  personnel  at  the  nearest  open 
working  places  is  exposed  to  noise  with  100-105  dBA  level,  wich  is  by 
20-25  dBA  above  the  allowable  one.  The  noise  is  generated  by  vibration 
of  the  sheets,  and  especially  of  their  back  ends. 

As  the  cause  of  sheet's  vibration  was  the  impacts  between  trans¬ 
ported  sheets  and  carrying  rollers  of  the  piler,  the  first  idea  of  noise 
reduction  was  to  wrap  up  the  rollers  with  elastic  coating,  to  soften  the 
impacts,  Sound  radiation  from  piler  with  rigid-rubber  coated  rollers  was 
by  5-7  dBA  less  than  radiation  from  piler  with  bare  rollers.  It  was 
inexpedient  to  use  for  coating  materials  with  better  damping  characte¬ 
ristics  because  of  their  wear  and  tear  in  short  time. 

Another  method  for  noice  reduction  is  to  choose  parameters  of  the 
technological  process  to  minimize  sound  radiation.  For  this  purpose,  one 
has  to  investigate  the  sheet's  vibration  mathematically.  Prom  this  point 
of  view,  a  sheet  on  rollers  can  be  considered  as  a  beam,  moving  upon  an 
infinite  set  of  supports,  located  at  the  same  distance  from  each  other 
(see  fieure).  Suppose,  that  there  is  no  breaking-off  sheets  from  rollers. 

The  results  will  be  the  same  if  the  moving  slstem  of  coordinates, 
connected  with  sheet,  is  introduced.  Locate  origin  X*0  at  the  left 
end  of  the  sheet,  then  right  end  will  be  at  X*L  .  Solution  of  equati¬ 
on 


(1) 
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Figure,  Arrangement  of  sheet  on  sheet  piler. 


standard  for  governing  the  free  vibration  of  beam,  with  standard  boun~ 
dary  conditions  at  the  free  ends 

a"W  1  =  i!¥ 

U.o,L  8x^ 

should  sutisfy  conditions  at  the  intermediabe  moving  supports; 


=  0 


(2) 


W(x=}Jt)-o)^W(x  =  j„,(t)i-0)  =  0,  (3) 


WXx  =  Ul)-0)  -W'(X  =  fmCt)^0),  (4) 


- 0)  =  w"{x  =  ^ t)  V  0) .  ( 5 ) 

In  Eqs.  (1  )-(5)Wis  a  displacement  of  the  beam  along  y  axis, 

Pe*’'^  -  external  harmonic  force,  applied  to  the  beam,  3)  -  bending 
stiffness,  m  -  mass  pePwiit  length  of  the  beam.  There  are  only 

supports  in  contact  with  beam  simultaneously.  These  supports  are  numbe¬ 
red  left  m»l  to  right  m  =  M  ,  this  is  the  range  forliiin  Eqs,  (3) 
and  (4),  In  a  period  of  time  t =  L/V  ,  the  supports  with  numbers 

change  their  numbers  from  m  to  m-i  ,  fmtt)  is  a  time- 
-dependant,  L/V  -  peridic  function,  describing  the  coordinate  of  the 
m  “th  support: 

i„,(t)  =  £o  ^(Tn-1)2- u-t,  (6) 

where  to  is  a  start  position  of  the  first  support  on  the  beam  at  t  =  0  , 
It  should  be  noted,  that  Eqs, (5)  is  only  an  approximabe  interpretation 
for  bhe  phisical  balance  of  the  bending  moments  at  the  supports,  since 
they  pay  no  attention  to  friction  and  magnetic  interaction  between  sheet 
and  rollers, 

A  problem  of  beam  on  moving  supports,  formulated  in  Eqs,(1)-(5)  is 
very  difficult  to  solve.  We  could  find  no  mention  about  it  in  literatu¬ 
re,  concerning  vibration  of  beams.  So  vie  had  to  simplify  problem.  First 
of  all,  substitute  boundary  condition 


W‘(x=f^U)-o)  =  -W’(x=i„,(t)i-0)=0  (7) 


for  Eqs. (4)  and  (5), 
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Now  we  are  able  to  inveetigato  the  most  interesting  piece  of  the 
sheet-its  back  end  -  independently  from  next  pieces,  Eqs,(1),  (2)  for 
X=0  and  (7)  for  m  *  t  describe  vibration  of  a  cantilever  beam 
with  time-dependant  length  a(tWfiti). 

Consider' an  expansion  of  displacement  W(X,t)  into  a  series 

W(x,t)  =£  X^Cx)T„Ct)  (8) 

n«i 

where  X^Cx)  is  the  n  -th  mode  of  cantilever  beam  natural  vibration, 
Tn,  Ct)'S  -  unknown  time-dependant  functions,  Bq,(8)  differs  from  com¬ 
monly  used  displacement's  expansions  because  the  functions  of 

time  t  also,  throHgh  the  beam  length  aCt)'.  Substitution  Eq.(8)  in 
Eq,  (1)  does  not  yield* the  necessary  separation  of  variables,  For  the  sa¬ 
ke  of  further  simplification,  neglect  the  inertia  forces  due  to  the  ho¬ 
rizontal  movement  of  sheet.  It  means,  that 

-  £  X  (Xt)  (9) 

at"  (9) 


After  this,  Eq,(1)  reduces  to 

^-K„T„(t)=0  (10) 

where  }(n  =  — =  1*875,  4.654,,,,  -  the  roots  of  cantilever 

beam  frequency  equation.  To  determine  the  first  resonant  frequency,  ta¬ 
ke  TL=  1  and  omit  the  subscript.  Eq,(10)  with  L/lI  -  periodic  coeffi  - 
cient  is  of  the  Hill  type.  Its  solution  has  a  form  [1j 

T(t)=e‘^£ 

where  ,  J**  and  Qn's  are  constants  to  be  found.  If 

>  then  Eq.(IO)  has  steady  solution,  if  lm(j'*)<0  , 

then  -  unsteady.  Values  of  and  g„'s  a  detennined  from  infinite  sys¬ 
tem  of  algebraic  equations; 


•O 

"0.  n-0,  (12) 

J  (.■!)** 

where  K  is  from  (10),  Co=  y  *  CR=a4£  -p) i 

coefficients  of  function  Catt;/t]*  in  the  interval  0‘t<t/i;  , 

K=-+1,  +2,...  ,  J*  equals  the  root  of  equation 

(13) 

a(j«)  is  the  determinant  of  Sqs,(12).  Our  aim  is  to  find  parameters 
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of  the  process  (namely  the  velocity  V  )  to  maintain  im  (j“)  .  Por 

this  purpose  one  has  to  put  ><=0  in  Eq. (13)  and  solve  it  for  variable 
U  .  Eq.(13)  with  infinite  determinant  n.(u>)  may  be  solved  only  appro¬ 
ximately.  But  in  many  cases  it  is  enough  to  obtain  the  roots  of  the 
central  third  order  determinant  [2  ]  .  Then,  Eq.(13)  yields  for  criti¬ 
cal  velocity  of  sheets 


Vc 


—  ^  Q 


(14) 


where  C  =  5300  m/s  -  longitudinal  wave  velocity  in  steel,  H-  sheet 
thickness. 

The  sheet  piler  we  dealt  with  had  t  =  0,5  m  and  li=  1,5  m/s.  Por 
1  mm  sheets  ife  «=*  3,3  m/s,  for  3  mm  sheets  %  ~  9»9  m/s.  It  is  clear, 
that  1  ram  sheets  are  transported  with  velocity  closer  to  the  critical, 
than  3  mm  sheets.  It  explains,  why  the  thinner  are  trunsposted  sheets, 
the  more  sound  is  radiated. 
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ABSTRACT 

Vibrations  are  generated  during  indexable  drilling  and  a  slight 
unbalanced  radial  force  makes  vibration  severe.  Thus  the  shape  of  the 
roundness  circle  obtained  from  the  measurement  of  a  hole  produced  by  an 
indexable  drill  is  roughly  an  ellipse.  To  improve  the  roundness  of  the  holes 
drilled  by  indexable  drills,  reducing  the  vibration  of  the  workpiece  is  very 
important.  Kow  to  reduce  the  vibration  of  the  workpiece  is  discussed  in  this 
paper.  An  efficient  method  to  reduce  the  vibration  of  the  workpiece, 
modification  of  the  indexable  inserts  of  the  drills,  is  introduced  in  this 
paper.  The  measurements  of  the  dynamic  responses  of  the  workpiece  before  and 
after  modification  of  the  indexable  inserts  shows  that  the  magnitude  of 
vibration  acceleration  and  vibration  energy  of  the  workpiece  were  reduced 
efficiently.  Thus  a  very  good  roundness  of  the  hole  drilled  by  indexable 
drills  can  be  obtained. 

INTRODUCTION 

After  appearing  several  years  ago,  indexable  drills  have  been  widely 
used.  Compared  to  traditional  twist  drills,  indexable  drills  can  be  worked  at 
very  high  drilling  speeds  and  feed  rates,  and  at  the  sane  time  indexable 
drills  can  produce  higher  hole  quality.  Now,  more  and  more  indexable  drills 
are  used  in  the  industries.  Three  typical  indexable  drills  are  shown  in 
Figure  1.  Some  research  shown  that  the  values  of  the  roundness  of  the  holes 
drilled  by  indexable  drills  are  much  lower  than  that  produced  by  twist 
drills,  but  the  shape  of  roundness  circle  obtained  from  the  measurement  of  a 


Figure  1 — Schematic  diagram  of  three  typical  indexable  drills,  (a)  Indexable 
drill  A.  (b)  Indexable  drill  B.  (c)  Indexable  drill  C. 
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hole  produced  by  em  Indexable  drill  is  roughly  an  eliipse[l]  while  the  shape 
of  roundness  circle  of  the  holes  produced  by  twist  drills  are  trigon, 
pentagon,  and  heptagon  shapes [2].  Although  some  other  research  concerning 
indexable  drills  was  presanted[3] ,  the  ellipse  shape  of  roundness  is  still  a 
problem.  This  paper  deals  with  a  method  to  improve  the  roundness  of  the  hole 
produced  by  Indexable  drills  based  on  vibration  reduction.  Considering  that 
the  indexable  drill  A  shown  in  Figure  1  is  a  single  cutting  edge  tool  while 
the  other  two  are  two  cutting  edge  tools,  only  the  indexable  drill  A  shown  in 
figure  1  is  discussed  here  with  a  view  to  simplification. 


Figure  2 — Differences  of  the  side 
cutting  edge  angles  of  the  two 
inserts  and  the  radial  forces  on 
the  two  cutting  edges. 


Figure  3— A  typical  roundness  of  the 
hole  drilled  by  an  original  indexable 
indexable  drill. 


The  basic  drilling  principle  of  the  indexable  drills  is  that  the  each 
Insert  fixed  in  the  drill  removes  a  volume  of  material  along  different  radii 
of  the  hole  while  the  drill  is  rotating.  The  outer  insert  removes  the  outer 
portion  of  material  and  the  inner  insert  removes  the  inner  portion  (see 
Figure  2) ,  thus  producing  a  hole  with  a  certain  feed  rate.  In  order  to 
balance  the  radial  forces  acting  on  the  cutting  edges  of  the  two  inserts,  the 
side  cutting  edge  angles  are  different  for  the  two  inserts  (shown  in  Figure 
2).  However,  it  is  very  difficult  to  make  these  two  radial  forces  balance 
very  well  whatever  be  the  advanced  technology  used  in  designing  and 
manufacturing  of  the  indexable  drills  if  only  change  of  cutting  angles  is 
considered.  Although  indexable  drills  work  at  high  rotational  speed  and  have 
a  higher  stiffness,  the  radial  forces  are  rotated  and  are  equal  in  all  radial 
direction,  but  while  the  drill  is  rotating,  there  always  exists  a  direction 
in  which  the  stiffness  value  of  the  machine-tool-workpiece  system  is  least. 
Thus  the  magnitude  of  vibration  in  this  particular  direction  will  be  larger 
than  all  other  directions.  Cn  the  other  hand,  there  always  exists  another 
direction  in  which  the  stiffness  value  of  the  machine-tool-workpiece  system 
is  largest.  The  magnitude  of  the  vibration  in  this  direction  will  be  smaller 
than  all  other  directions.  So  the  center  of  the  hole  on  the  workpiece  moves 
like  a  circle  with  a  long  axis  and  a  short  axis.  This  motion  of  the  workpiece 
driven  by  the  radial  force  will  produce  a  hole  with  an  elliptical  roundness. 
This  may  be  the  main  reason  why  the  shape  of  the  roundness  circle  obtained 
from  the  measurement  of  a  hole  produced  by.  an  indexable  drill  is  roughly  an 
ellipse.  So  reducing  the  vibration  during  drilling  is  important  to  improve 
the  hole  (juality.  Figure  3  shows  the  typical  roundness  of  hole  drilled  by 
indexable  drills. 

VIBRATION  ANALYSIS  AND  MEASUREMENT 

Machine-tool-workpiece  system  is  a  very  complicated  system.  Several 
different  methods  such  as  modal  synthesis  technigueC4]  and  non-linear 
vibration  analysis  using  FEM[5]  were  developed  to  solve  very  complicated 
systems  like  that  of  machine  tools.  Although  there  are  several  different 
kinds  of  damping  in  this  system,  it  is  reasonable  tc  regard  viscous  damping 
as  a  main  damping  in  a  machine  tool  for  simplifying  the  study.  When  the 
machine  is  working,  an  unbalanced  radial  force  could  be  regarded  as  an 
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harmonic  exciting  force.  So,  the  general  equation  of  motion  for  this  system 
can  be  expressed  as [6]: 

[M]  [C]  [AT]  W=(f)  (1) 


where 

[M]  ••  mass  matrix 
[C]  =  damping  matrix 
[K]  =  stiffness  matrix 

{X),  (x),  {X)  -  displacement  vector,  velocity  vector,  and  acceleration 
vector,  respectively 

(f)  ^  excitation  vector. 

In  order  to  reduce  vibration  during  drilling,  the  values  of  vector  {x) 
or  {)()  or  {X}  should  be  reduced.  Generally,  by  changing  the  parameters  of 
[H],  (C],  [K],  and  (f>  the  values  of  the  vector  (x)  or  (x)  or  (x)  in  Eg.  (1) 
can  be  changed.  For  indexable  drilling,  the  main  factor  that  affects  the 
dynamic  response  of  the  system  is  the  drilling  force.  Although  the  parameters 
of  [M] ,  [C] ,  and  [K]  could  be  changed  to  improve  the  dynamic  responses  of  the 
system,  the  best  way  is  to  limit  the  unbalanced  radial  force  or  reduce  the 
excitation.  To  check  if  the  dynamic  responses  of  the  system  are  improved  by 
limiting  the  drilling  force,  vibration  measurements  were  carried  out.  In  the 
experiment,  the  workpiece  (AISI  1026,  ^  30  x  30)  was  clamped  by  a  3-jaw  chuck 
which  was  fixed  on  the  table  of  a  Fadal  5-axis  CMC  machining  center.  Two 
pieze-electric  accelerometers  (PCB  Model  302B03)  were  used.  One  was  fixed  in 
axial  direction,  and  another  in  the  radial  direction  of  the  drills.  The 
vibration  signals  picked  up  by  accelerometers  were  amplified  by  charge 
amplifiers  (PCB  Model  482A10) ,  then  were  processed  by  vibration  analyzer 
(Data  Precision  6000) .  Finally  the  vibration  and  the  results  of  the  analysis 
were  plotted  by  a  plotter  (HP  7475A) .  Figure  4  shows  the  schematic  diagram  of 
the  set-up  for  vibration  measurement.  Figure  5  shows  the  measurements  of  the 
vibration  during  the  indexable  drilling  at  S>1000  rpm  and  f>0.05  mm/min. 

Figure  5  shows  that  while  several  models  of  the  system  were  excited 
during  drilling,  vibrations  in  both  radial  and  feed  directions  were  severe. 
The  vibration  in  the  radial  direction  results  in  an  elliptical  shape  of  the 
roundness  of  the  hole. 


Figure  4 — Experimental  set-up  for  the  vibration  measurement. 


MODIFICATION  OF  INSERTS  FOR  LIMITATION  OF  VIBRATION 

To  improve  drilling  performance  and  to  reduce  the  vibration,  chip¬ 
splitting  grooves  were  introduced.  The  main  purpose  why  the  chip-splitting 
grooves  are  used  on  the  two  cutting  edges  of  the  inserts  is  to  center  the 
indexable  drill  during  drilling.  Figure  6  shows  that  there  are  several 
protruding  rings  on  the  bottom  surface  of  the  hole  drilled  by  the  inserts 
which  have  the  chip-splitting  grooves.  These  rings  eliminate  the  radial 


1401 


o.ou 


ra/u 


O.M< 

.02< 

i.OM- 


200 


(d) 


Figure  5— Vibration  neasurement  before  modification  of  -the  inserts,  (a) 
Acceleration  measurement  at  radial  direction,  (b)  Acceleration  measurement  at 
feed  direction,  (c)  Power  spectrum  obtained  from  radial  direction,  (d)  Power 
spectxrum  obtained  from  feed  direction. 

motion  of  the  drills,  and  increase  the  stiffness  of  the  drill.  Another 
advantage  of  the  chlp'spllttlng  grooves  is  to  split  the  chips  when  ^e  feed 
rate  is  not  very  hig^  and  to  improve  the  deformation  of  the  chips  while  the 
feed  rate  is  higher.  Splitting  the  chip  or  Improving  the  deformation  of  the 
chip  means  that  the  friction  between  chips  and  the  tool  rake  faces  is 
reduced.  Because  of  the  centering  effect  of  the  protruding  rings  on  the 
bottom  surface  of  the  hole  and  the  reduction  of  the  friction  force,  the 
vibration  is  limited  considerably.  Figure  7  shows  the  results  of  vibration 
measurement  when  the  modified  inserts  were  used.  Comparing  with  Figure  5,  it 
is  very  clearly  seen  that  the  acceleration  in  both  radial  and  feed  directions 
is  reduced.  The  power  spectra  show  the  difference  of  vibration  energy 
expended  at  low  frequencies  (  up  to  400  Hz) .  When  an  unmodified  indexable 
drill  was  used,  the  peak  values  of  power  spectra  (shown  in  Figure  5)  are  up 
to  about  0.05  V^.  However,  whan  the  modified  Indexable  drill  was  used,  the 
peak  values  of  power  spectra  (shown  in  Figure  7}  are  only  smaller  than  0.001 
at  feed  direction  and  0.0001  V’  at  radial  direction.  The  measurement  of  the 
roundness  of  the  holes  drilled  by  modified  indexable  drills  shows  that  the 
elliptical  shape  of  the  circle  of  the  hole  roundness  is  very  effectively 
reduced.  Figure  8  shows  a  typical  profile  of  the  roundness  circle  of  a  hole 
drilled  by  a  modified  indexable  drill. 


Figure  6 — Protruding  rings  on  the 
bottom  surface  of  the  hole. 


Figure  8 — A  typical  measurement  of 
roundness  of  a  hole  drilled  by 
modi.:ied  indexable  drill. 


Generally,  the  deeper  the  depth  of  the  chip-splitting  grooves,  the  better 
the  quality  of  the  holes  obtained.  But  the  depth  of  the  grooves  is  limited  by 
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the  strength  of  the  inserts,  as  the  strength  would  be  reduced  if  the  depth  of 
the  grooves  is  too  large. 
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Figure  7— Vibration  measurement  after  modification  of  the  inserts,  (a) 
Acceleration  measurement  at  radial  direction,  (b)  Acceleration  measurement  at 
feed  direction,  (c)  Power  spectrum  obtained  from  radial  direction,  (d)  Power 
spectrum  obtained  from  feed  direction. 

Although  the  Indexable  drill  A  only  was  discussed  in  this  paper,  the 
method  used  for  reduction  of  vibration  can  also  be  used  for  other  drills. 
Table  1  shows  the  results  from  the  three  indexable  drills  shown  in  Figure  l. 


Table  1 — Comparison  of  roundness  measurements  produced  by  modified  and 
unmodified  drills  (diameter  of  the  drills  is  (|)19.05  mm) 

■■  I  ••  ■lg==g==M=g=g== - - =5=C3=e  ■  ■  ====■■  ,1 


Drills 

Drilling  Condition 

Roundness  (/^m)  | 

S  (rpm) 

f  (mm/rev) 

Drilled  by  original  drill 

Drilled  by  modified  drill 

Drill  A 

1000 

O.OA 

16.0 

9.0 

Drill  B 

1000 

0.04 

19.4 

11.3 

Drill  C 

1000 

0.04 

15.9 

9.9 

SUMMARY 

Vibration  reduction  was  studied  in  this  paper  to  obtain  a  good  roundness 
of  a  hole  drilled  by  a  indexable  drill.  The  results  of  the  study  are 
summarized: 

*  There  exists  a  distinct  slightly  unbalanced  radial  force  during  indexable 
drilling,  and  this  force  works  as  an  excitation  on  the  machine-tool-workpiece 
system.  Since  there  always  exists  two  directions  in  which  the  stiffness  of 
the  system  is  largest  and  least,  the  motion  trace  of  the  workpiece  is  an 
ellipse.  Thus  the  vibration  due  to  this  force  results  in  the  roundness  circle 
of  the  hole  drilled  by  indexable  drills  becoming  an  ellipse. 

*  Modification  of  the  indexable  inserts  can  efficiently  reduce  this  radial 
force,  and  thus  a  good  roundness  could  be  obtained. 

*  Vibration  measurement  supports  this  analysis  to  be  reasonable  and  the 
modif icat.^ on  of  the  indexable  drill  to  be  efficient. 

*  The  methods  of  modification  can  be  applied  not  only  on  drill  A,  but  also  on 
all  other  indexable  drills. 
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ABSTRACT 

The  method  of  collocation  with  spline  functions  of  an  elegant  form  is  used  to 
study  the  free  asymmetric  vibrations  of  layered  truncated  conical  shells.  The 

differential  equations  of  motion  obtained  in  terms  of  the  longitudinal,  circumferential 
and  transverse  displacement  functions  are  coupled.  For  solving  them  numerically, 

these  functions  are  approximated  by  cubic  and  qulntic  spline  functions.  The  process  of 
collocating  with  them  and  the  application  of  the  boundary  conditions  lead  to  a 

generalised  eigenvalue  problem.  Its  solution  yields  the  values  of  a  frequency 
parameter  and  the  correspondind  mode  shapes.  Material  and  geometric  parametric 
studies  are  made  to  bring  out  their  individual  and  interactive  effects  on  the 
vibrational  behaviour  of  the  shells.  The  effect  of  neglecting  the  coupling  between 
stretching  and  bending  and  the  influence  of  the  circumferential  node  number  on 

vibrations  are  also  studied. 

INTRODUCTION 

In  a  few  earlier  papers  by  Navaneethakrishnan  et  al.  [1,2,3]  on  buckling  and 
vibrational  analysis  of  plates  and  shells  a  spline  function  collocation  technique  was 
used  employing  one  or  two  approximating  splines.  The  current  one  is  a  study  of  free 
asymmetrical  vibrations  of  conical  shell  frusta  with  laminated  wall  structure  of 
constant  thickness,  using  three  spline  function  approximations  simultaneously.  A 
paper  by  Chandrasekaran  and  Ramamurti[4]  is  worth  mentioning  in  the  context  of  the 
physics  of  this  problem,  but  it  used  an  energy  method  based  on  Rayleigh-Ritz 
technique. 

The  mathematical  formulation  of  the  problem  results  in  a  two-point  boundary 
value  problem,  characterised  by  a  set  of  three  coupled  differential  equations  on  the 
three  displacement  components  of  a  general  point  on  the  reference  surface  of  the 
shell,  together  with  suitable  boundary  conditions.  The  equations  do  not  have  a 
closed  form  solution  in  general,  and  hence  a  numerical  solution  procedure  becomes 
necessary.  Of  several  numerical  technlqus  that  could  be  used,  the  spline  function 
technique  is  employed  because  of  its  attractive  characteristics  in  convergence, 
accuracy  and  elegance  of  handling  both  analytically  and  computationally,  brought 
out  in  the  earlier  papers[l,2,3].  The  differential  equations  are  modified  by 
combining  within  themselves  so  as  to  admit  cubic  and  quintic  spline  approximations 


for  the  displacement  functions.  Collocating  with  these  splines  and  imposing  the 
boundary  conditions ,  we  have  a  generalised  eigenvalue  problem,  which  is  solved 
numerically.  The  eigenvalues  give  the  values  of  a  frequency  parameter.  From  the 
eigenvectors  the  mode  shapes  are  constructed. 

Five  types  of  layers  and  three  types  of  boundary  conditions  are  considered 
for  detailed  analysis.  The  individual  and  interactive  influence  of  the  relative  layer 
thickness,  layer  combinations,  cone  angle  and  length  ratio  on  the  frequency 
parameter  are  studied.  The  effect  of  circumferential  node  number  is  analysed.  The 
mode  shapes  of  vibration  are  presented  for  typical  cases. 

FORMULATION 

The  general  line  of  procedure  of  Ambartsumyan[5]  for  the  classical  theory  of 
thin  shells  is  adopted.  Love's  first  approximation  theory  is  extended  to  layered  thin 
shells.  Each  layer  is  of  constant  thickness  assumed  to  behave  as  a  homogeneous 
orthotropic  and  linearly  elastic  material  with  its  material  axes  of  symmetry  parallel 
to  the  principal  coordinate  lines  of  the  surface  of  the  shell.  Consecutive  laye-s  are 
assumed  to  be  perfectly  bonded  together  at  their  interface  resulting  in  motion  without 
slip. 

The  geometry  of  the  layers  and  the  coordinate  system  assumed  are  clarified  in 
Fig.  1.  The  distance  zq  of  the  reference  surface  from  the  lower  edge  of  the  shell 
surface  is  given  by 

1^ 

(2,2  _  0  (1) 

where  K  is  the  total  number  of  layers,  and  z,^  and  Zk-1  are  the  distances  of  the 
outer  and  inner  edges  of  the  k-th  layer  from  the  reference  surface. 


Figure  1  —  Structure  of  the  layered  shell 

The  stress  resultants  and  stress  couples  are  expressed  in  terms  of  the 
longitudinal,  circumferential  and  transverse  displacements  u,v  and  w,  of  the 
reference  surface.  Following  Levy's  approach,  the  displacements  are  assumed  in 
separable  form,  given  by 


u(x,S  ,t)  =  U(x)  cos  n9  exp(iirt) 

v(x,9,t)  =  V(x)  sin  n9  expCiut)  (2) 

w(x,e,t)  =  W(x)  cos  ns  expCiwt) 

Here,  n  is  the  circumferential  node  number,  "is  the  angular  frequency  of  vibration, 
e  is  the  rotational  coordinate  and  t  is  the  time.  Using  Eqs.  (2)  in  the  constitutive 
equations  and  the  resulting  expressions  for  the  stress  and  moment  resultants  in  the 
equations  of  equilibrium,  the  governing  equations  of  motion  are  obtained  in  the  form 
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where  ifj  are  differential  operators  with  variable  coefficients,  superscripts 
indicating'’ the  differential  orders.  The  term  U”'(x)  contained  in  the  third  of  Eqs.  (3) 
is  inconvenient  for  the  spline  function  procedure  considered  and  hence  is  eliminated 
by  differentiating  the  first  of  Eqs.  (3)  and  using  it  in  the  third.  We  now  have  a 
system  of  three  coupled  differential  equations, which  is  of  order  2,2  and  4  in  U,  V 
and  W,  respectively. 


The  following  non-dimensional  parameters  are  used. 
^  =  /--®  ,  the  frequency  parameter 

V 

“  =  semi-vertical  angle  of  the  cone 


B  =  —  ,  the  length  ratio 
b 

t  =  —  ,  the  thickness-smallest  radius  ratio 
r 

,  hk 

5  =  —  ,  the  relative  thickness  of  the  k-th  layer 
h 

X  _  x-a ,  the  distance  coordinate 


(4) 

(5) 

(6) 

(7) 

(8) 
(9) 


Here,  a  and  b  are  the  distances  of  the  small  and  large  ends  of  the  cone  from  the 
vertex,  h  is  the  thickness  of  the  shell,  h^  is  the  thickness  of  the  k-th  layer,  t  is 
the  length  of  the  shell,  r  is  the  radius  of  the  shell  at  the  small  end,  Rq  is  the 
inertial  coefficient  of  the  shell  and  Aj^  is  a  familiar  extensional  rigidity  coefficient. 
When  there  are  only  two  layers,  we  write 

{  =«j,  and  1  -  s  =  «2‘  (10) 

For  any  point  on  the  shell,  a  ^  x  4  b;  and  hence  0  X  4  1* 

It  can  be  noted  that  the  case  n=0  corresponds  to  axisymmetric  vibrations,  when 
u  and  w  become  independent  of  9  ,  and  Eqs,  (3)  reduce  to  only  two  equations  in  U 
and  W.  Also,  the  case  a=0  corresponds  to  that  of  a  plate. 

THE  SPLINE  SOLUTION 

Dividing  the  range  [0,1]  of  X  into  N  subintervals  at  X=X  ,  (s=l,2, . .  ,N-1)  and 
having  these  points  along  with  the  end  points  of  the  interval  for  knots,  the 
displacement  functions  U(X),V(X)  and  W(X)  are  approximated  by  the  spline  functions 
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in  which  H(X)  is  the  Heaviside  step  function  and  the  coefficients  a,,.,,f.  are  to  be 
determined.  Imposing  the  condition  that  the  above  splines  satisfy ‘Eqs, '  (3)  at  the 


knots  X=X  ,  (s=0,l,. 
spline  coeificients. 


>,N),  we  have  a  system  of  3N-t-3  field  equations  in  3N+11  unknown 


The  three  sets  of  boundary  conditions  imposed  at  the  two  ends  of  the  shell  are: 
(i)  both  the  ends  clamped  (C-C),  (li)  both  the  ends  hinged  (H-H)  and  (lii )  the  small  end 
clamped  and  the  large  end  free  (C-F).  Each  set  of  these  conditions  used  on  the 
assumed  spline  functions  yields  eight  more  equations  which,  together  with  the  field 
equations,  constitute  a  generalised  algebraic  eigenvalue  problem  of  the  form 


[M]  Cq) 


(12) 


[K]  Cq),- 

Using  an  iterative  technique,  this  equation  is  solved  for  the  first  few  values  of  the 

1407 


frequency  parameter  \  .  The  eigenvectors  determine  the  spline  coefficients  from  which 
the  displacements  are  computed  and  mode  shapes  are  constructed. 

NUMERICAL  RESULTS  AND  DISCUSSION 

Considering  the  size  of  the  matrices  K  and  M  arising  in  Eq.  (12),  computations 
were  carried  out  in  double  precision  arithmetic.  After  several  trial  runs  of  the 
computer  program  developed,  the  optimal  size  of  N,  the  number  of  subintervals  of  the 
range  of  X,  was  chosen  to  be  10.  Many  validity  checks  were  made  by  comparing  the 
results  obtained  with  those  available  in  literature.  An  illustration  is  given  by  Table 
1  in  which  comparison  is  made  with  the  results  of  Irie  et  al.[6],  for  the  reduced 
case  of  homogeneous  shells  of  different  length  ratios,  under  clamped-clamped 
boundary  conditions,  for  the  cases  of  axisymmetric  (n=0)  and  an  asymmetric  (n=4) 
vibrations.  The  agreements  are  quite  good. 


Table  1.  Comparative  Study  with  Irie[6] 
Homogeneous  Conical  Shell  under  C-C  Boundary  Conditions 
a  =60  ,  y=0.01/8,  v=0.3 


n 

Frequency 

Parameter 

s 

0.25 

0.50 

0.75 

0 

X 

0.5796 

0.3863 

0.2768 

X* 

0.6692 

0.6690 

0.9569 

X" 

0.6680 

0.6685 

0.9576 

4 

X 

0.2741 

0.2545 

0.2670 

X' 

0.3165 

0,4408 

0.9249 

X" 

0.3155 

0.4298 

0.9336 

X  =Present  value 

x'=Present  value  converted  into  Irie's  parameter 
X"=  ^  (sina)/(l-B) 

=lrie's  parameter 


The  materials  cf  the  layers  considered  were  steel  (St),  Aluminium  (Al), 
hi^gh-strength  graphite  epoxy  (HSG),  PRD-49-III  epoxy  (PRD)  and  S-glass  epoxy  (SGE). 
The  number  of  layers  considered  in  this  discussion  is  restricted  to  two,  since  the 
effect  of  coupling  between  bending  and  stretching  is  most  significant  only  for 
two-layered  elements  e 


The  value  of  the  frequency  parameter  varies  with  the  ratio  of  the  thickness  of 
the  inner  layer  to  the  total  thickness  of  tlie  shell.  Figure  2  provides  two 

The  materials  of  the  layers  considered  are  Al-SGE 

and  HSG-PRD.  The  boundary  conditions  for  both  are  C-C.  The  cases  6  =0  and  6  =1 

correspond  to,  homogeneous  shells,  made  up  of  the  second  material  and  the  first 

material  mentioned,  respectively.  Three  meridional  modes  (m=l,2,3)  are  considered. 
The  cotinuous  and  dashed  curves  correspond  to  the  inclusion  and  omission  of  the 

coupling  between  bending  and  stretching.  It  is  seen  that  the  frequencies  can  have 
relative  maximum  and  minimum  values.  This  phenomenon  is  more  pronounced  for 
higher  meridional  modes  (i.e.,  for  larger  m).  It  is  also  seen  that  with  proper  choice 
of  «  ,  it  is  possible  to  achieve  frequencies  not  only  in  between  the  frequencies  of 
homogeneous  shells  of  either  of  the  two  materials,  but  also  outside  the  ranee 
prescribed  by  them.  The  shells  are  of  medium  length  (B  =0.5),  with  semi-vertical 
angle  45  and  thickness-minimum  radius  ratio  of  0.05.  The  X  -  6  variation  depends 
also  on  the  materials  of  the  layers,  the  end  conditions  and  the  geometric  parameters. 
In  general,  the  neglect  of  coupling  raises  the  values  of  x  ;  but  the  raise  itself  is 
not  significant  and  hence  the  coupling  can  be  ignored  without  much  loss  of 
accuracy,  but  with  much  gain  in  computational  labor.  Though  the  figure  and 
discussion  correspond  to  axisymmetric  cases  (n=0),  the  features  described  are  just 
similar  to  asymmetric  cases  of  vibrations. 
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Figure  2  —  Influence  of  relative  layer  thickness  and  coupling 
on  frequency  parameter 

Since  the  frequency  prameter  is  a  function  of  the  length  of  the  cone,  the  study 
of  variation  of  X  with  6  will  not  serve  any  purpose.  Hence,  the  variation  of  the 
angular  frequency  “  with  B  is  studied  in  Fig.  3.  In  Fig. (a)  the  variatin  of  the 
fundamental  frequency  o  .  with  e  for  different  layer  combinations  under  C-C 
boundary  conditions  is  depicted.  The  frequencies  are  small  for  long  shells  (  g  small) 
and  high  for  short  shells  (  B  large).  The  growth  of  frequencies  with  respect  to  e  is 
almost  linear  and  gradual  upto  a  large  value  of  ,  and  then  very  steep.  This  turn 
occurs  earliest  (around  8=0.6)  and  the  'turning  value'  of  the  frequency  is  also  the 
least  (between  1100  and  1600  Hz)  for  HSG-PRD.  For  smaller  cone  angles  the  almost 
■linear  part  of  the  gradual  Increase  is  still  longer.  Figure  3(b)  exhibits  u-8 
relations  for  the  modes  m=l,2,3  for  two  cases  of  asymmetric  vibrations,  n=4  and 
n=10.  The  characteristic  shape  of  the  curves  is  the  same  for  all  asymmetric 
vibrations  and  for  other  boundary  conditions  also.  The  steep  increase  in  starts 
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Figure  3  —  Effect  of  length  ratio  on  frequency 
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earlier  for  higher  modes.  The  slope  of  the  gradually  increasing  part  also  increases 
with  higher  modes.  The  steep  increase  in  frequencies  become  steeper  with  higher 

values  of  n.  With  the  changing  boundary  conditions,  from  C-C  to  H-H  to  C-F,  the 

'turning  point'  is  pushed  to  the  right,  i.e. ,  towards  shorter  lengths  of  the  cone 

The  percentage  increase  in  u,  at  6=0.5  over  that  at  6=0.1  for  HSG-SGE,  for  the  three 
boundary  conditions  are  490,^462  and  422  %,  respectively. 

The  dependence  of  the  frequency  parameter  on  the  vertical  angle  of  the  cone  is 
illustrated  In  Fig.  4.  The  other  parameters  take  constant  values  as  indicated.  If  Y  is 
kept  constant,  since  it  is  the  ratio  of  the  thickness  of  the  shell  to  the  minimum 

curvature,  thickness  cannot  be  maintained  constant  as  o  changes.  Hence,  instead,  y'. 
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Figure  4  —  Variation  of  frequency  parameter  with  cone  angle 

the  ratio  h/a  is  held  fixed.  At  the  outset,  the  frequency  parameter  is  found  to 

decrease  with  increasing  a  .  The  decrease  is  rapid  for  smaller  values  of  a  and  the 

curve  is  almost  horizontal  when  the  shell  tends  to  become  a  plate  (  0+90*).  The 

rapidity  with  which  x  tends  to  become  constant  is  different  for  different  layer 

combinations  as  can  be  seen  in  Fig.  (a),  which  deals  with  the  fundamental 

frequency  parameter  values  for  five  different  layer  combinations,  for  axisymmetric 
vibrations.  At  a=90*,  all  the  curves  would  have  met  at  a  common  point,  had  «  been 
0  or  1  (homogeneous  plates).  The  frequencies  f  t  any  fixed  (a=90*)  are  distinct  for 
the  different  layer  combinations,  assuming  maximum  value  for  St-Al  and  minimum 
value  for  HSG-PRD.  The  difference  between  the  maximum  and  the  minimum  values  of 
^4  for  10*<O'S90*,  with  respect  to  the  corresponding  minimum  value  of  x^  Is  1756  % 
for  St-Al,  and  486  %  for  HSG-PRD.  Viewing  with  reference  to  the  three  types  of 
boundary  conditions  imposed,  it  is  seen  that  the  frequencies  are  highest  for  C-C 

conditions  and  least  for  C-F  conditions  for  any  fixed  a  and  g.  In  the  C-F  case,  for 
6=0.2,  HSG-SGE  and  St-SGE  combinations  (figures  not  presented)  a  kink  is  seen  in  the 
Xj- a  curve  around  the  point  o=20*.  This  may  be  due  to  the  corresponding  mode  shape 

being  torsional,  as  also  suggested  by  Irie.  Two  axisymmetric  vibrational  cases 

(n=4,10)  are  covered  by  Fig.  4(b).  It  is  interesting  to  note  that  for  certain  values 
of  n  (e.g.,  n=4),  there  are  no  appreciable  changes  In  values  of  X  with  a,  whereas 
in  some  other  cases  (like  n=10,  here),  the  changes  are  very  rapid  upto  very  small 
values  of  the  semi-cone  angle  (upto  a  =25*,  here),  without  much  change  as  the  cone 
widens  further. 

In  Fig.  5  the  nature  of  variation  of  the  frequency  parameter  with  the 

circumferential  wave  number  and  the  effect  of  the  length  ratio  and  coupling  are 
brought  out.  A  cone  of  semi  angle  30®  of  HSG-SGE  lamination  under  C-C  boundary 
conditions  is  considered.  It  is  seen  that  for  fairly  long  shells  ( 6=0.2)  the  frequency 
parameter  generally  comes  down  in  value  for  upto  ns6  and  then  ascends  with  n.  The 
trend  is  similar  for  shells  of  medium  length  ( e=0.5)  also.  In  the  case  of  short  shells 
(6=  0.8),  the  lower  mode  values  of  x  come  down  almost  steadily  as  far  as  n=10.  The 
higher  mode  curves  begin  to  ascend  at  very  small  values  of  n.  The  dashed  curves, 
which  correspond  to  the  neglect  of  coupling  rigitities,  generally  closely  follow  the 
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continuous  ones  which  correspond  to  the  inclusion  of  coupling.  The  coupling  effect  is 
seen  to  be  increasing  with  n.  The  effect  of  ignoring  coupling  is  to  raise  the  value 
of  the  frequency  parameter.  However,  the  percentage  increase  is,  as  already 
remarked,  so  small  for  all  asymmetric  vibrations,  that  coupling  could  be  ignored 
without  introducing  appreciable  errors. 


Figure  5  —  Variation  of  frequency  parameter  with  circumferential  node  number 
and  the  effect  of  length  ratio  and  coupling 


The  frequency  parameter  values  corresponding  to  «=Uin  which  case  the  material 
becomes  steel,  v=0.3)  is  observed  to  come  down  with  increasing  n  until  n=6  and 
then  to  rise  up.  This  trend  is  in  agreement  with  what  could  be  noted  in  the  results 
of  Irie  et  al.[6]. 

The  U-,  V-  and  W-  mode  shapes  of  vibration  are  exhibited  in  Fig.  6,  upto 
three  modes,  for  the  asymmetric  cases  corresponding  to  n=4  and  n=10.  The 
displacements  are  normalised  with  respect  to  max(W).  The  transverse  displacements 
are  seen  to  be  predomin  nt,  for  the  cases  considered.  The  circumferential  and  the 
extensional  ones  follow,  in  that  order.  The  longitudinal  mode  shapes  always  have  one 
more  node  than  what  would  normally  correspond  to  the  value  of  the  mode  number,  for 
the  boundary  conditions  considered.  The  general  patterns  of  the  mode  shapes  are  the 
same  for  all  n.  The  maximum  W-  and  U-  displacements  occur  at  points  closer  to  the 
small  of  the  cone.  With  increasing  n,  the  maximum  torsional  displacement  comes  down 
steadily. 
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ABSTRACT 

It  Is  offered  the  method  of  express-control  of  the  sound  capaslty 
machines  In  condition  of  their  serial  production.  The  method  Includes 
calculation  of  a  possible  sound-capacity  of  each  machine  by  measuring 
vibrating  velocities  of  It's  surface  In  the  final  numbers  of  the  control 
points.  The  conditional  frequency  characteristics,  obtained  for  machines 
of  this  type  before-hand,  which  connect  vibrating  velocities,  mentioned 
above,  with  sound  pressures  of  the  machine  acoustic  field  standard  mea¬ 
suring  points,  are  used  In  this  case.  This  method  is  not  alternative  to 
the  well-known  methods  of  sound-capacity  estimation  In  conditions  of 
acoustic  hindrance.  The  method  Is  mostly  effective  In  case  of  serial 
production  of  machines  with  several  acoustically  connected  active  struc- 
tTires,  that  Is,  In  that  case  when  sound  capacity  estimation  standard 
methods  application  as  well  as  application  of  methods,  based  on  Inten¬ 
sity  measurements,  will  entail  great  unproductive  losses  of  time. 


K 


The  authors  assumed  multl-dlmentlonal  acoustic  pattern  based  on 
multl-dementlonal  linear  non-parameter  system,  to  be  a  machine  sound¬ 
making  mathematical  pattern.  Real  sound  pressures  In  the  machine  acous¬ 
tic  field  K  standard  measuring  points  are  echoes  of  the  system.  These 
sound  pressures  are  used  to  estimate  the  machine  sound-capacity  in  the 
surroundin  soace  by  the  formula  [1 1 

K 

P  =  S/(Kpc)^p|  ,  (1) 

k=1 

where  pj^  -  measuring  points  sound  pressures  effective  values,  K-an  amo- 

ut  of  these  points,  S  is  a  measuring  surface  area,  pc  -  is  wave  air  re¬ 
sistance. 

System  coercions  are  equal  to  vibrating  velocities  in  machine  sur- 
fase  a  control  points  Q  finite  quantity.  Generally  such  coercions  are  co¬ 
herent  to  each  other.  That's  why.  In  order  to  simplify  the  given  system 
analysis  it  is  possible  to  pass  on  to  the  adequate  conditional  multl- 
dlmentlonal  system,  using  [2]  (figure).  The  system  frequency  response 
Ijjj^Cf)  (k  »  1+K,  1  *  I^Q)  provides  for  optimum  linear  k-echo 

calculation  by  first  coercion. 
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k  =  1 tK  - 


AlSOi  )  j  Njj(f)»  1  =  1  *0  t 

conditional  coercions  realizations  Pourie  finite  transformations, 
k  -  echo  and  k  -  echo  registration  hindrance  correspondingly  are  marked 
In  the  figure.  The  system  is  symnetrlcal  relative  to  the  sound  measu¬ 
ring  points. 


Figure.  Machine  vibrating  and  sound  connection  pattern. 

By  analysing  the  accepted  pattern  the  authors  became  able  to  ob¬ 
tain  the  following  ratio  for  sound  capacity  correction  level  calculati¬ 
on  estimation  of  some  machine  being  tested: 


Lp  =  10.1gjAfS/(Sopg  %.(1-1)»(^>[ ,  (2) 

^  fetf}  felfel 


Where  pg  -  is  a  standard  sound  pressure,  A(f )  -  frequency  correction 
characteristic,  (f)  -  multitude  of  power-consuming  frequencies  which  are 

used  to  localize  the  main  part  of  the  sound  capacity  machine,  Sn  =  1m^. 
Besides,  in  (2)  ^ 

special  coherent  capacity  spectrum  of  the  first  coercion  by  all  pre¬ 
vious  coercion  which  can  be  calculated  by  iteration  method  set  out  in 
C2],  and  Iii,i(f)  -  is  a  mean  conditional  frequency  characteristic,  that's 


D 

lLj,i(f)|2  =  1/D^J^H%(f)i2 


(3) 


Index  i  denotes  individual  frequency  characteristic  for  J  machine 
belonging  to  some  D  multitude  of  the  same  type.  The  method  of  its  esti¬ 
mation  is  already  described  in  [2]. 

So,  the  express-control  method,  suggested  above,  on  the  preparato¬ 
ry  stage  (on  the  same  type  machines  D  multitude): 

-  search  of  power-consuming  frequencies  multitude  {f}; 

-  search  of  raashlne  surfase  control  points; 

-  calculation  of  the  mean  conditional  frequency  characteristics  accocr- 
dlng  (3). 

On  the  propper  control  (stage  for  the  maciilne  tasted): 

-  vibrating  velocities  signal  registration  In  control  points; 
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-  prognosis  calculation  according  (2); 

-  conparing  prognosis  with  the  sound-capacity  standard  inherent  in  this 
type  machines. 

While  deducing  the  formula  (2)  it  has  been  assumed,  that  hindrance 
njj(t)  has  an  external  origin,  in  other  words,  all  Ijiqwrtant  foimations 

of  coercion  echoes  have  been  taken  stock  of.  This  condition  is  provided 
by  a  corresponding  choice  of  control  points,  in  particular  by  jooxlmity 

to  plurality  coherence  function  unity,  among  every  echo  of  the 

system  and  coeirclons  in  there  points  on  the  {f}  multitude  frequencies.  It 
is  advisable  to  choose  the  threshold  characterizing  proximity  to  the 
unity,  proceeding  from  the  analysis  of  concrete  conditions  and  availab¬ 
le  ex^rlmental  data.  In  general  case  the  authors  propose 

(f)  >  p  ,  f  6  (f)  ,  (4) 

as  a  criterion  for  latlonal  choice  of  vibration  registration  points. 

Experimental  research  carried  out  by  the  authores  have  proved, 
that  coeherence  high  level  for  control  points  remains  within  limits  of 
the  same  type  mactubes  multitude. 

The  (4)  criterion  makes  it  possible  to  woric  out  engineering  recom¬ 
mendation  on  control  points  searching.  It  is  advisable  to  choose  cont¬ 
rol  points  as  close  to  sources  of  machine  sound  as  possible.  In  general 
case  when  the  sources  are  inaccessible  to  a  researcher,  and  measuring 
can  be  carried  out  only  on  the  surface  around  the  sources,  the  search 
algoritm  can  be  constructed  on  the  basis  of  the  control  theory  known 
methods,  in  accordance  with  formula  (4). 

The  authors  worked  out  experimentally  the  half  division  method. 

The  successful  choice  of  control  points  makes  it  possible  to  conside¬ 
rably  improve  prognostication  precision. 

Sound-capacity  prognostication  statistical  mistakes  are  conditio¬ 
ned  by: 

1 )  statistical  mistakes  of  spectral  characteristics  estimation  connec¬ 
ted  with  finite  duration  of  analysing  processes  realization; 

2)  between  plurality  coeherence  functlos  and  the  unity; 

3)  dispersing  conditional  frequency  characteristics  about  the  multitude 
of  the  same  type  objects. 

The  standartlzed  quadratic  mean  mistake  of  corrected  sound-capaci¬ 
ty  prognozlng  occasioned  by  statistical  mistakes  of  spectral  characte¬ 
ristic  estimation,  has  been  obtained  by  the  authors  by  applying  results 
(2]  and  is  equal  to: 


«  1 0  •  /I^ 


(6) 


where 


K 


fe{f}  k=i  f«{f}  k=l 

eQ(f)  = 


Wk(f)  = 


II^i(f)l‘ 


■q  -  is  the  number  of  jperiodogram  when  considering  spectral  characteris¬ 
tics.  When  deducing  formula  (5)  it  was  taken  into  consideration  that 
^a*Ci  •  ^  ®  quantil  Gaus  distribution)  as  well  as  ratio  (2). 

To  hl^  degree  the  estimation  error  of  sound-capacity  correction 
level  is  conditioned  by  systematic  composite  of  negative  bias 
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''ff  in  JtHllt  'nimw'j 


f  k*=1  f«{f}  k-1 

(the  Integration  is  oarried  out  throu^out  the  whole  frequency  range  ana¬ 
lysis  in  the  numerator),  which  is  attributed  to  the  fact  that  the  appli¬ 
cation  of  the  formula  (2)  does  not  regard  the  whole  capacity,  but  only 
the  portion  which  is  localized  in  power  consuming  frequencies.  This  bias 
is  an  accidental  quantiti  as  regards  the  multitude  of  the  objects  of  the 
same  type  and  because,  spectral  sound-capacity  power-consuming  compo¬ 
nent's  differ  considerably  with  the  various  objects  of  the  same  type. 

The  mean  bias  in  the  multitude  of  the  similar  '  :  1ects  depend  on  the  por¬ 
tion  of  somd-capacity  localized  in  power-consuming  frequencies. 

Determination  of  errors  relative  to  dispertion  of  conditional  fre¬ 
quency  characteristics  about  multitude  of  similar  objects  is  the  most 
enential  part  of  the  method  acourancy  analysis.  After  we  have  obtained 
the  mean  optional  standard  to  estimate  conditional  frequency  characteris¬ 
tics  on  the  multitude  D  and  {f)  -  frequencies  using  the  following  formula: 

.1/2 

|%(f)|2-|Lj^i(f)|2]2/j)(D_ia  ^ 


we  can  calculate  a  1(X)  per  cent  principal  interval  for  the  sound-capacity 
veritable  adjusted  level  of  the  given  object  obtained  througn  (2).  It 

will  be  limited  by  the  values  :Iip  i  Cg*  where 

f*{f}  k-1  1-1 


h{f}  k=1  i=1 

Here  we  take  Into  consideration  that  Cg  ^  • 

In  such  a  case  the  normalized  mean  square  of  the  object  sound-capa¬ 
city  prognosis  brought  about  due  to  dispersing  frequency  characteristics 
about  the  multitude  of  similar  objects  is  a  follows; 

Eg  =  10  Cg/Ip  (7) 

The  normalized  and  mean  square  error  (5)  can  be  lenened  by  increa¬ 
sing  the  number  of  t).  However,  to  achieve  a  substantial  lenening  of  the 
error  we  should  be  more  considerate  to  the  criterium  (4)  while  defining 
control  points.  In  other  words  to  the  Increase  of  p. 

The  mean  square  deviation  of  sound-capacity  prognosies  from  the  va¬ 
lues  obtained  through  applying  standard  method,  with  regard  to  (5)  and 
(6),  owing  to  irrelevance  of  the  prognosis  mistakes  equals  to; 

Op  =  10  ccf  + 

We  here  regard  deviation  Op  as  a  mean  square  prognosis  efficiency 

Index.  It's  effectlvenen  is  in  relation  to  the  increase  of  p  thi’eshold 
in  (4)  if  Op  is  being  lenened.  To  great  extend  it  depend  on  the  coordina¬ 
te  and  number  of  control  points.  Although  the  Increase  is  being  restrai¬ 
ned  by  negative  bias  of  prognosis  estimation  AIIp}  and  therefore  it  mat- 
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•  ters  greatly  only  in  case  of  relatively  small  number  of  control  points. 

Subsequent  Increasing  In  number  of  control  points  does  not  make  the 
effectlvenen  more  substantial.  The  experimental  studies  of  the  method  be¬ 
ing  offered  hereby  dealt  with  analysis  of  It's  effectiveness  with  various 
number  of  control  points.  The  compressors  fitted  Into  serially  produced 
refrlglrators  and  designed  chiefly  to  determine  noise  level,  were  used 
■  during  tests.  The  latter  were  conducted  In  the  anembly  shop  of  compressor 
productlng  plant,  where  the  noise  level  was  80  dB,  and  In  muffled  chamber 
of  the  same  plant. 

The  tests  proved  that  mean  square  sound-capacity  prognosis  deviati¬ 
on  from  that  obtained  In  the  chamber  was  lenenlng  with  the  Increase  of 
'  control  points.  Besides,  the  values  of  these  deviations  proved  to  be  less 
than  those  obtained  throu^  a  widely  practiced  method  of  Immediate  cont¬ 
rol  of  sound-capacity  that  Is  being  done  with  regard  to  the  level  of  va- 
‘  dilating  velocity  measured  In  one  point  on  compressor's  surface.  A  mul- 
tlchannelled  Information  and  control  suite  used  with  a  PC  of  IBM  type 
was  made  to  perform  the  tests  mentioned  above.  The  tests  proved  the  met¬ 
hod  described  as  effective  and  Its  theoretic  assumption  possible  and  cor¬ 
rect. 

In  conclusion  the  authors  would  dare  to  say  that  the  method  presen¬ 
ted  hereby  will  have  Its  application  In  meastirlng  the  noise  level  of  com¬ 
plex  machinery  and  equipment. 
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ABSTRACT 

Diagnostic  prototype  expert  system  was  built  using  characteristics  of  measured  sound  and  vibration  for 
automobile.  For  the  utilities  of  this  system,  1/3  octave  filter(band-pass  filter)  and  A/D  converter  were 
used  for  data  acquisition  and  then  data  were  analyzed  using  signal  processing  technique,  statistical  analysis 
and  pattern  recognition  using  Hamming  network  algorithm.  In  order  to  raise  the  reliability  of  the 
diagnostic  results  fiizzy  inference  technique  was  applied  by  considering  many  operating  variables  and 
information  of. automobile  to  be  diagnosed.  And,  the  results  were  displayed  as  graphical  method  to  help 
the  novice  in  diagnostic  field.  The  validation  of  this  diagnostic  system  was  checked  through  experiments 
using  automobile  and  it  showed  an  acceptable  performance  for  diagnostic  process.  Also,  for  the  case  of 
wrong  decision  making,  knowledge  base  of  system  can  be  extended  through  learning  procedure. 
Therefore,  as  a  result,  it  is  expected  that  this  system  can  be  developed  with  implementing  more  simplicity 
and  flexibility  to  the  external  environment. 

INTRODUCTION 

There  has  been  a  strong  request  for  computer  system  in  production  line  because  of  high  speed  and 
automation  of  equipment.  And,  the  necessity  of  monitoring  system  has  been  increased  in  the  diagnosis  of 
installation.  These  tendency  is  more  and  more  elevating  in  the  side  of  shortage  of  expertise  in  the 
diagnostic  field,  prevention  of  industrial  accident  and  settling  of  being  incapability  of  expert  due  to  the 
variety  of  production.  [1] 

Especially,  automobile  is  a  very  complicate  system  which  is  composed  of  thousands  of  components, 
and  it  is  one  of  the  most  important  transportation  device  in  modern  society.  Also,  it  has  been  developed 
in  the  face  of  performance  and  structure  widt  the  progress  of  the  livirg  environment.  Besides,  many 
expert  mechanics  and  accumulated  diagnostic  techniques  are  required  due  to  the  increased  demand  and 
automobile  variation,  but  the  skillful  mechanics  and  the  diagnostic  techniques  are  incapable  of  satisfying 
these  demands. (2][3] 

In  this  study,  therefore,  expert  system  for  diagnosis  of  automobile  is  developed  by  measuring  acoustic 
signal  to  supply  and  support  the  relative  incapability  of  mechanics  owing  to  the  development  of 
automobile.  In  addition.  Fuzzy  inference  technique  is  applied  to  raise  the  reliability  of  decision  making, 
and  pattern  recognition  technique  by  Hamming  network  is  adopted  to  extend  the  knowledge  base. 

The  validity  of  the  developed  diagnostic  algorithm  and  the  efficiency  of  the  expert  system  ate  verified 
through  experiments  using  automobiles. 

THEORY 


Fuzzy  sets  deal  with  the  uncertainty  and  quantify  the  fuzziness  of  a  human  being  using  membership 
function  of  real  value  from  0  to  1.  In  this  study,  fuzzy  inference  technique  is  applied  for  analysis  of 
noisy  acoustical  data  and  vague  information,  and  probabilistic  decision  is  made  by  pattern  recognition. 
Fig.  I  represents  the  example  of  rules  for  fuzzy  inference,  and  the  output  can  be  formulated  by  max-min 
composition  technique  as  follows  (4][S1 


m(w)  =  niax[iiiin(mAi),  ni»(i,w))]  (1) 

where  m(w)  :  Membership  function  for  output 
mA(i)  :  Membership  function  for  input 
mR(i,w)  :  Membership  function  for  rule 

Also,  eq.(2)  is  used  for  defuzzification  of  output  membership  function. 

i  (Action)i  (Membership  value)i 

w  =  -1— -  (2) 

jf  I  (Membership  value)! 


General  Hamming  network  deals  with  binary  pattern  (+1,  -1,  or  +1,  0)  for  inputs  and  weightings. 
But,  it  is  difficult  to  use  conventional  Hamming  network  directly  because  the  most  signal  is  represented 
as  continuous  value  at  the  restricted  range. 

Therefore,  in  this  study,  pattern  recognition  technique  which  use  1/3  octave  data  is  proposed.  In  this 
process,  measured  acoustic  signal  is  transformed  to  octave  data  and  each  octave  data  is  divided  with 
overall  level  data.  Then,  maximum  value  of  matching  score,  a,  is  multinlied  and  pattern  score 
corresponds  to  the  input  value  of  each  input  node  is  decided. [6] 

In  the  diagnostic  algorithm,  Hamming  distance,  absolute  value  of  difference  of  the  two  signals,  is 
determined.  And  then,  matching  score  can  be  calculated  by  subtracting  maximum  displacement  from  the 
obtained  absolute  value.  Fig.  2  shows  the  application  example  of  this  method. 
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P.S  = 


Xi 


X  a 


(3) 


where  P.S  :  Pattern  score 
Xi  Octave  data 
£Xj  :  Overall  level 
a  :  Division  value 


CONFIGURATION  OF  THE  DIAGNOSTIC  SYSTEM 

Fig.  3  represents  the  Inference  process  of  developed  expert  system. 


Fig.d  Diagnostic  process  for  Neuro-Fuzzy  Technique 

If  the  system  is  initialized,  expert  system  requests  the  specification  and  symptom  of  the  automobile  to 
be  diagnosed  and  then  sampls  the  acoustic  data  using  4  microphones.  The  configuration  of  the  measuring 
system  and  data  processing  units  are  shown  in  Fig.  4.  (7] 

COMPUTER  SIMULATION 

Method  for  simulation  ^  ^  ^ 

Fault  revival  simulation  was  carried  out  to  evaluate  the  diagnostic  performance  of  the  developed 
software.  In  the  first  place,  the  automobile  engine  was  divided  to  32  points  and  sampled  the  normal  data 
of  the  each  measuring  points.  And,  white  noise  which  corresponds  to  1/10  level  of  each  normal  data  was 
added  to  postulate  the  changed  measuring  environment. 

It  was  assumed  that  alternator  had  been  out  of  order  and  level  of  100  Hz  center  frequency  at  the 
alternator  position  was  increased  from  once  to  three  times.  Also,  level  of  side  band  center  frequency  to 
the  100  Hz  was  increased  instanteneously  from  once  to  1.5  times.  And,  each  32  points  was  calibrated 
with  the  proportion  of  the  inverse  distance  level  at  the  alternator  position. 


In  this  simulation,  three  diagnostic  techniques  were  compared. 

CASE  1  (simple  diagnosis)  diagnostic  result  by  the  difference  of  the  center  frequency  and  overall 
level  of  the  two  signal  at  the  only  one  point. 

CASE  2  (precision  diagnosis)  :  diagnostic  result  by  the  difference  of  the  center  frequency  and  overall 

level  of  the  two  signal  at  the  each  32  points. 

CASE  3  :  diagnostic  result  by  the  Neuro-Fuzzy  Technique. 


Fig.4  Configuration  of  the  diagnostic  expert  system 


Fig.5  Ratio  of  diagnosis  for  each  method  according  to  fault  ratio 
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From  Fig.  5,  in  the  case  of  simple  diagnosis,  it  could  be  known  that  simple  diagnosis  was  not  proper 
to  diagnose  the  increasement  of  only  one  certain  center  frequency.  Also,  it  was  shown  that  diagnosis  by 
comparison  of  overall  level  was  more  efficient  than  that  of  center  frequency,  but  diagnosis  by  overall 
level  had  some  disadventage  that  it  was  not  sensitive  to  the  light  fault.  And  in  the  case  of  Neuro-Fuzzy 
Technique,  acceptible  diagnostic  result  could  be  made  by  detecting  slight  fault  signal.. 

EXPERIMENT 

Method  and  apparatus  for  experiment 

In  the  experiment,  the  automobile  engine  was  divided  to  32  points  as  Fig.  6  and  sampled  the  acoustic 
data  for  normal  state.  For  the  revival  of  fault  slate,  artificial  faults  for  some  kind  of  components  were 
generated  as  Table  l.[8] 


Table  1  Kind  of  fault  types 


CASE 

Fault  Tye 

I 

Normal  slate  except  increasing  of  RPM 

I 

Ignition  plug  #1  fault 

I 

Ignition  plug  #2  fault 

V 

Ignition  plug  #3  fault 

V 

Ignition  plug  #4  fault 

VI 

Coolant  temperature  seasor  fault 

Fig.6  Measuring  points  of  the  automobile  engine  part 


Remits  and  consideration  for  experiment  .  ..  .  .i.. 

Table  2  represents  the  expected  fault  component  of  automobile  and  ratio  of  diagnosis  according  to  the 
fault  type.  From  Table  2,  it  could  be  known  that  the  proposed  Neuro-Fuzzv  Technique  was  superior  to 
the  conventional  diagnostic  method. 
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Table  2  Diagnostic  results  to  each  fault  types 


'^V^Method 

case\^ 

Simple  Diag. 

Precision  Diag. 

Neuro-luzzy 

I 

normal 

normal 

normal 

11 

fault 

IP  #2  fault 

I.P  M  fault 

III 

normal 

1 P  #2  fault 

I.P  HZ  fault 

IV 

fault 

disuibutor  fault 

I P  #3  fault 

V 

normal 

IP  #4  fault 

I.P  44  fault 

VI 

normal 

normal 

Coolant  temp  sensor 

While  wrong  decision  was  nude  for  the  foult  CASE  II  and  it  might  be  thought  as  the  vicinity  of  the 
each  ignition  plug  and  decreased  sound  level.  And,  in  the  case  of  fault  CASE  VI,  it  was  impossible  to 
find  the  fault  with  the  oonvemional  method  because  the  coolant  temperature  sensor  does  not  affect  to  tbe 
overall  sound  level  at  all. 

RESULTS 

Neuro-Fuzzy  Technique  was  proposed  to  diagnose  the  fault  of  automobile  and  diagnostic  qrstem  was 
constructed.  For  the  validity  of  the  system,  computer  simulation  was  performed.  And  as  a  result  it  was 
certified  that  the  proposed  Neuro-Fuzzy  Technique  was  superior  to  the  conventional  diagnostic  method.  As 
a  result  of  experiments,  developed  system  showed  an  about  83  %  diagnostic  success  for  the  given  case. 

On  the  other  hand,  as  the  microphones  are  easily  affected  by  external  disturbance,  counterplan  is 
required  for  the  noise  to  improve  the  reliability  of  diagnosis. 
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ABSTRACT 

The  paper  deals  with  noise  and  vibration  protection  at  Soviet  col¬ 
lieries  and  opencast  mines <  The  authors  discuss  new  achievements  in  this 
field  and  practical  measurrs  to  reduce  vibration  by  2-3  times  as  well  as 
its  effect  on  worker's  health.  Certain  means  are  developed  to  cut  down 
aerodynamic  and  structural  noise. 


At  present  the  noise  and  vibration  pathology  occupies  a  cardinal 
place  within  the  structure  of  worker's  professional  deseases  in  the 
mining  industry. 

Underground  about  70  per  cent  of  working  places  and  sites  are 
hazardous  as  far  as  the  noise  and  vibration  levels  above  permissible 
are  concerned. 

The  situation  is  still  more  aggravated  with  the  specific  mine  con¬ 
ditions  such  as  a  combined  attack  of  noise,  vibration,  higher  tempera¬ 
tures,  moisture,  atmospheric  pressure  and  dust  factor  against  workers, 
the  fact  corresponding  in  normal  microclimate  to  a  noise  intensity  in¬ 
creased  by  10-15  dB. 

The  prtocipal  sources  of  noise  and  vibration  exceeding  their  per¬ 
missible  levels  are  as  follows: 

-  hand-operated  mining  machinery  such  as  augers.  Jackhammers  and 

hammer  drills  (their  total  annual  production  in  this  coutry  exceeds 
250,000  pcs), 

-  roadheading  and  drilling  equipments, 

-  fans,  ventilators  and  pneiusatlc  engines, 

-  machinery  and  equipment  for  opencast  mining  and  preparation  plants. 

In  our  branch  of  economy  work  goes  on  to  reduce  and  cut  down  the 

noise  and  vibration  levels  at  the  working  places  and  sites;  methodically 
it  is  directed  by  the  Skochlnsky  Institute  of  Mining. 


The  principal  developments  in  this  field  may  Include  the  following: 

I.  Development  of  jackhammers  with  vibration  cut-down  in  the  very 
source  of  it  due  to  the  striker  mass  reduction  at  a  set  strike  energy 
and  a  constant  force  acting  upon  the  striker.  The  mass  is  reduced  due  to 
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both  shorter  diameter  and  length  of  the  striker  and  correspondingly  a 
greater  pre-striking  velocity  whose  critical  value  can  be  determaiied 
as  shown  in  Eq.  (1): 

K  «  /  E  (1) 

perm. 

is  permissible  stress  and  strain 

is  velocity  of  longitudinal  waves 
is  Young's  modulus 
is  striker's  shape  coefficient 

K  =  I  +  (d/D)2  (2) 

is  diameter  of  smaller  section 
is  diameter  of  greater  section. 

Practically  in  substantial  constructions  a  pre-striking  velocity  of 
13-14  m/s  has  been  reached. 

The  jackhammers  produced  by  the  industry  possess  a  reduced  weight, 
require  less  press  effort  and  their  vibration  is  reduced  as  compared  to 
the  best  specimens  abroad,  their  energy  parameters  being  approximately 
the  same.  At  present  some  perforator  prototypes  with  reduced  vibration 
and  press  effort  have  been  developed  according  to  these  very  principles. 

The  probl  a  of  reducing  the  sound  vibration  of  the  inpact-action 
machinery  is  r.  her  complicated.  For  this  purpose  we  have  determined  se¬ 
veral  regulariti  .s  in  forming  and  flying  of  the  strike  and"  impact  pro-" 
cesses  in  mono-measured  elastic  bodies.  Based'  on  them  there  has  been  de¬ 
veloped  an  engineering  method  to  calculate  the  collision  momentum  of 
stress  parameters  no  matter  what  is  the  geometry  of  encountering  bodies 
as  well  as  the  shape  of  contact  included.  The  fact  makes  it  possible  to 
simulate  the  influence  of  design  and  kinematic  parameters  of  encounte¬ 
ring  parts  upon  the  amplitude  and  range  of  arising  sound  vibrations. 

The  vibro-isolating  methods  have  become  widely  spread.  They  deal 
with  the  principle  of  mass  inertia  on  an  elastic  foundation  with  fric¬ 
tion  avoided.  So,  the  up-to-date  perforators  manufactured  by  the  branch 
of  economy  are  provided  with  vibro-protecting  carriages  where  the  handle 
and  the  pneumatic  support  are  separated  from  the  perforator's  body  with 
the  help  of  elastic  elements.  The  handles  of  jackhammers  and  hammer 
drills  have  been  vibro-isolated  from  their  bodies  as  well. 


where 


'crit  ■ 
S’  perm. 

a 

E 

K 


where 


d 

D 


2,  Development  of  the  above-drill-bit  vibration  isolators  for  the 
roller-bit  drilling  rigs  to  be  installed  between  the  bit  and  the  column. 
Application  of  the  vibration  isolators  ’Takes  it  possible  to  reduce  the 
vibration  load  of  the  entire  drilling  rig  by  2-3  times  as  well  as  the 
vibration  level  at  the  operator's  place  down  to  a  permissible  one.  It 
also  increases  the  drilling  rate  by  15. ..50  per  cent  and  the  durability 
of  a  drill  bit  by  25. ..50  per  cent. 


Specifications 

(Conventional)  drilling  diameter,  mm 
Mass,  kg 
Length,  m 
Static  load,  kN 


200,  250,  270,  320 

350.. . 500 

2.3  -  2.4 

250.. . 450 


Service  life,  running  metres  25,000.. .30,000 

The  above-drill-bit  vibration  isolators  are  provided  with  elastic 
elements  made  of  a  new  elastic-damping  material  named  I®  (metal-rubber). 
The  material  has  made  it  possible  to  manufacture  the  elements  of  practi¬ 
cally  any  shape  possessing  a  high  damping  ability  of  operating  in  aggre- 
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salve  media  aad  within  a  wide  range  of  temperatures 


5*  Development  of  vibration  Isolators  on  the  basis  of  cables. 
Sneclflcatlons 

Range  of  loads  5»».5*10^  N 

Minimum  resonance  frequency  2.^  Hz 

Mass  ratio  between  vibration  Isolator  and 
prorected  object  0.01 

Itsmamic  ability  coefficient  at  a  resonance  not  more  than  2,5 

Serviceability  in  any  direction  under  a  wide  range  of 
temperatures  and  in  corrosive  media,  no  matter  what 
is  the  type  of  deformation. 

Development  of  vibration  isolators  on  the  basis  of  center-com¬ 
pressed  bars  for  chairs  and  platforms  as  well  as  additional  springs  for 
control  cabins,  etc.,  their  minimum  resonance  frequency  being  0.8  Hz 
and  their  serviceability  remaining  good  within  a  wide  range  of  tempera¬ 
tures  and  in  corrosive  media  and  atmosphc'**e.  The  vibration  isolators  are 
used  in  the  chair  and  platform  designs,  for  cabin  suspension  as  well  as 
for  other  mining  machlneiy, 

5.  Development  of  methods  and  means  for  reduction  of  acoustic  noises 
(pneumatic  engines,  hand-operated  pneumatic  tools,  ventilators)  and  of 
structural  noises  (impact-action  machines,  roadheading  equipment  and 
facilities,  etc.). 

6,  Development  of  portable  intrinsically-safe  (with  se.ix -contained 
power  supply)  noise  and  vibration  meter  ShVD-001  type  for  ciagnosis 
(for  the  dust  and  gas  hazardous  collieries). 

Specifications  for  the  device 

Vibration  acceleration  measurement  range  from  10  to  5*10^  m/s 

or  80-190  dB  for  10"®  m/s^ 

with  automatic  translation  into  terms  of  vibration  rate  and  shift 
values  and  digital  read-out 

Dynamic  range  without  switching  40  dB 

Working  frequency  range  0,7, ..12, 000  Hz 

Dimensions  220x250:c90  mm 

Mass  up  to  3  kg 

Digital  read-out 

It  provides  for  rms-determiination  in  the  octave  frequency  band  from 
1  to  1,000  Hz  and  for  determination  of  corrected  levels  of  both  general 
and  local  vibration  acceleration  velocity  along  all  the  axes,  dB,  sound 
pressure  level,  dB,  in  the  octave  frequency  band  from  63  to  8,000  Hz,dB, 
and  corrected  sound  level,  dBA. 

The  vibro-acoustic  diagnostics  of  the  technical  conditions  of  ma¬ 
chinery  and  equipments  is  cax-ried  out  due  to  the  followings 

-  a  narrow-band  spectrum  analysis  with  the  help  of  four  32-unit  PFTs 
with' the  frequencies  of  0-22,6  Hz,  0-177  Hz,  0-1410  Hz  and 
0-11,600  Hz, 

-  deteritiination  of  the  peak  values  in  the  octave  frequency  band  of 
1,,.8,000  Hz  as  well  as  the  peak  factor, 

-  a  resonance-demodulation  spectrum  analysis. 


1427 


SFCOND  INTERNATIONAL  CONGRESS  ON 
RECENT  DEVELOPMENTS  IN  AIR-  AND 
STRUCTURE-BORNE  SOUND  AND  VIBRATION 

MARCH  4-6. 1992  AUBURN  UNIVERSITY.  USA 


ADVANCED  TECHNIQUES  FOR  PUMP  ACOUSTIC  AND  VIBRATIONAL 
PERFORMANCE  OPTIMIZATION 


E.Carletti,  G.Miccoli 

Earth-Moving  Machinery  and  o££-Road  Vehicle  Institute  -  CEMOTER 
National  Research  Council  o£  Italy 
via  Canal  Bianco,  28  -  44044  Cassana  (Ferrara) 

Italy 


ABSTRACT 

The  application  of  acoustic  and  vibrational  research  techniques  to 
external  gear  pumps  is  explained,  our  attention  being  £ocused  on: 

a)  sound  power  level,  sound  pressure,  sound  intensity  and  structural 
vibration  measurements  that  allow  a  description  o£  acoustic  and  vibra¬ 
tional  £ields  due  to  complex  sources  both  in  space  and  time; 

b)  pump  £luidborne  noise  and  internal  £low  losses  evaluation  with  a  test 
procedure  based  on  the  use  o£  the  anechoic  system  and  the  measurement  o£ 
the  source  characteristic  impedance; 

c)  assessment  of  pump  actual  operating  features,  i.e.  internal  pressure 
distribution,  as  input  data  to  finite  element  model  computation  of  casing 
stress  distribution  and  consequent  structural  modifications. 

The  sensitivity  of  these  techniques  has  been  considered  for  a  noise 
optimization  procedure  and  the  achievement  of  the  best  trade-off  between 
acoustic  and  functional  performances. 

INTRODUCTION 

A  gear  pump  consists  of  two  meshing  spur  gears  enclosed  in  a  closely 
fitting  housing.  As  the  teeth  engage  on  the  outlet  side,  the  volume  be¬ 
tween  two  meshed  teeth  decreases  and  the  oil  is  forced  out  to  the  delivery 
port.  As  the  teeth  unmesh  again,  the  volume  increases  and  the  oil  is  drawn 
into  the  pump.  Hence  the  actual  pumping  operations  take  place,  in  the^ 
meshing  area  where  the  most  noise  sources  are  concentrated. 

The  main  causes  of  noise  emission  are  primarily  eccentricity  or  im¬ 
balance  of  rotating  parts  and  pressure  fluctuation  and  cavitation  effect 
of  the  fluid. 

The  above  events  produce  noise  at  the  gear  meshing  frequency.  Moreo¬ 
ver,  when  the  gear  itself  acts  as  an  acoustical  radiator,  the  radiation 
from  gear  arises.  The  amount  of  this  radiated  noise  depends  on  the  rela¬ 
tionship  between  the  excitation  frequencies  and  the  gear  wheel  natural 
frequencies. 

In  summary,  pressure  fluctuations  and  cavitation  effects  generate 
fluidborne  noise;  eccentricity  or  imbalance  of  rotating  parts,  as  well  as 
vibrations  of  structural  parts,  generate  structureborne  noise;  and  struc¬ 
tural  vibrations  interact  with  the  surrounding  air  causing  airpressure 
fluctuations,  i.e.  airborne  noise. 
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These  three  forms  of  noise  are  correlated  by  the  dynamic  characteristics 
of  the  system  and  the  acoustic  coupling  between  vibrating  surfaces  and 
surrounding  medium. 

In  the  paper  gear  pump  case  studies  are  presented.  The  airborne  noise 
and  the  pump  fluidborne  noise  are  primarily  considered  owing  to  their 
leading  positions. 

PUHP  AIRBORNE  NOISE  EVALUATION 

Various  constructive  and  working  parameters  influence  gear  pump  noise 
emission.  Tooth  number,  gear  manufacturing,  bearing  block  size,  pump  case 
material  can  change  pump  acoustic  and  functional  performances  significant¬ 
ly* 

Noise  influence  of  the  following  design  parameters  was  evaluated  to 
"optimize"  noise  emission  of  a  9  tooth  gear  pump: 

1)  type  of  gear  set  (the  same  geometry  and  tooth  number,  but  different  ma¬ 
terial  and  treatments); 

2)  type  of  bearing  blocks. 

Considering  standard  configuration  and  varying  the  two  parameters  a- 
j  bove,  pump  noise  emission  was  determined  at  different  values  of  discharge 

I  pressure  by  the  following  intensity  based  analysis: 

1)  sound  power  calculation; 

2)  near  field  sound  pressure  and  intensity  measurements  around  the  pump 
casing; 

3)  vibration  measurements. 

Procedures 

The  basic  instrumentation  consisted  of  an  intensity  analyzer  equipped 
with  1/4"  and  1/2"  microphone  intensity  probes  and  delta  shear  pie¬ 
zoelectric  accelerometers  for  vibration  tests.  A  computer,  running  ded¬ 
icated  software  packages,  supervised  measurements  and  subsequent  data 
processing. 

As  the  influence  of  gear  set  type  on  sound  emission  is  concerned, 
detailed  results  are  reported  in  the  reference  paper  [1]. 

After  having  equipped  the  pump  with  the  "optimal"  gear  set,  the 
I  comparison  between  two  couples  of  improved  bearing  blocks  a  and  b, 
j  specifically  designed  to  limit  fluid  pressure  transients  at  gear  meshing, 

;  was  carried  out. 
i 

I  *  Sound  power  -  Sound  power  level  was  derived  from  intensity  measurements 
on  a  suitable  surface  enclosing  the  pump.  Contributions  of  all  intensity 
components  normal  to  the  surface  were  merged  into  the  overall  sound  power 
spectrum. 

Bearing  block  b  showed  aver¬ 
age  sound  power  level  3  dB  lower 
than  the  corresponding  bearing 
block  a. 

;  Sound  power  is  a  very  useful 

datum  that  gives  a  first  global 
evaluation  of  pump  noise  emission. 

Considering,  for  example,  a  family 
of  pumps  different  only  as  far  as 
displacement  is  concerned,  the 
trend  of  the  mechanical  power  to 
acoustic  power  ratio  R  vs.  work¬ 
ing  pressure  is  an  excellent  index 
to  verify  constancy  of  pump  per¬ 
formances  as  displacement  Increses 
(Tab.l).  As  a  matter  of  fact,  wor¬ 
sening  of  pump  acoustic  perfor¬ 
mances  is  relevant  to  lowering  of 
R  value  as  working  pressure  in- 
^  creases. 


TABLB  I  -  Di  Puap  Di«pl»ctBtnt{caVctv) 

Ft  Working  Frtiiure(btr)tHBti  Mcchtnical  Fower(kH); 
Haei  Acoustic  Powec(t/W);  R;  Wac/Wtc 


0 

P 

6 

10  a 

SO 

0.4 

0.4 

1000.0 

3.8 

100 

0.8 

0.5 

1600.0 

150 

1.2 

0.7 

1714.3 

50 

1.7 

5.1 

333.3 

13.0 

100 

3.2 

6.4 

sco.o 

ISO 

4.8 

7.6 

631.6 

50 

2.0 

6.4 

312.5 

16.0 

100 

4.0 

7.9 

506.3 

150 

6.0 

19.9 

301.5 

50 

4.2 

13.5 

311.1 

33.0 

100 

8.3 

29.5 

281.4 

150 

12.5 

28.8 

434.0 
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Moreover,  sound  power  is  necessary  to  check  whether  acoustic  performances 
lie  within  specified  limits  but  it  is  completely  insufficient  to  under¬ 
stand  the  origin  of  acoustic  phenomena  generation. 

*  Intensity  maps  -  Near  field  normal  intensity  values  were  measured  on  an 
equally  spaced  point  grid  of  a  plane  parallel  to  each  face  of  the  pump.  In 
order  to  concentrate  on  effects  due  to  the  pump  only,  all  frequencies  re¬ 
lated  to  the  drive  shaft  dynamics  were  excluded  during  data  processing. 
The  same  procedure  was  repeated  for  sound  pressure  measurements,  while  vi¬ 
bration  data  were  carried  out  by  stud  mounting  the  accelerometer  to  the 
pump  casing  upper  face. 

Fig.l  compares  the  casing  velocity  maps  with  near  field  sound  pres¬ 
sure  and  intensity  maps,  obtained  on  a  surface  parallel  to  the  pump  upper 
face  at  200  Hz  frequency  and  100  bar  working  pressure. 

The  analogy  between  pressure  level  distribution  and  vibration  pattern 
confirms  the  good  fitting  of  structural  vibratory  behaviour  of  a  surface 
with  wave  phenomenon  near  the  surface  itself.  The  effect  of  the  increasing 
of  the  high  pressure  region  along  the  gear  enclosure  is  represented  with 
an  erratic  velocity  distribution  of  maxima  and  minima  for  the  a  couple  of 
bearing  blocks.  An  acoustical  energy  "sink"  appears  at  the  supply  region 
for  case  b,  being  intensity,  pressure  and  casing  velocity  values  always 
lower  for  this  couple  of  bearing  blocks. 


Fig.l  -  Maps  at  200  Hz.  Fig. 2  -  Gated  spectra  within 

S>suction,  D>discharge.  200-8000  Hz  frequency  range. 


*  Gating  spectra  -  intensity  spectra  were  recorded  for  thirty  adjacent 
windows  along  the  shaft  revolution,  each  spectrum  being  the  acoustical 
contribution  corresponding  to  a  different  portion  of  revolution.  For  each 
pump  configuration  and  discharge  pressure,  the  intensity  probe  was  placed 
over  the  middle  of  the  pump  upper  face  at  a  distance  such  as  the  global 
emission  from  all  the  surfaces  of  the  pump  could  be  collected.  A  fixed 
optical  probe,  facing  the  shaft,  controlled  the  analyzer  averaging  process 
at  different  points  of  the  gear  revolution.  The  same  procedure  was  applied 
for  casing  velocity  measurements  (Fig. 2). 

Levels  at  meshing  frequency  (220  Hz)  and  first  harmonic  are  dominant. 
For  set  b  these  levels  are  relatively  constant  throughout  the  cycle,  while 
for  set  a  strong  discontinuities  can  be  observed  either  in  intensity  or 
vibration  levels,  both  at  the  same  angular  position. 
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PUMP  FLUIOBORNE  NOISE  EVALUATION 

A  test  procedure,  based  on  the  use  of  the  anechoic  system,  allows  the 
assessment  of  pump  source  flow  and  equivalent  source  impedance.  These  are 
two  fundamental  complex  quantities  for  pump  noise  potential  evaluation, 
their  product  determining  the  pressure  ripple  along  the  circuit  and  so  the 
main  vibration  source  on  components  and  connecting  pipelines. 

The  test  method  characterizes  entirely  a  pump  as  to  its  hydraulic 
noise.  As  a  matter  of  fact,  it  provides  the  knowledge  of  the  pump  flow 
ripple  at  entry  to  delivery  line,  i.e.  the  pump  fluidborne  noise,  and  that 
of  the  pump  internal  flow  losses,  making  the  impedance  a  pump  noise  evalu¬ 
ation  parameter. 

Procedures 

The  reflectionless  delivery  line  was  made  by  a  variable  capacity  with 
an  adjustable  diaphragm  at  Its  entrance  (Fig. 3).  Both  impedance  and  source 
flow  were  derived  from  measurements  of  ripples  occurring  when  two  differ¬ 
ent  diameter  pipes  act  as  Independent  impedance  values  at  the  pump  outlet 
port. 

The  harmonic  analysis  of  pressure  ripples  was  carried  out  with  a  dig¬ 
ital  frequency  response  analyzer  while  the  complex  data  reduction  was  per¬ 
formed  on  a  mainframe  computer  to  obtain  the  source  impedance  and  the  flow 
ripple. 

The  reliability  of  the  test  procedure  has  been  proved  at  various  op¬ 
erating  conditions  on  11  gear  pumps,  different  as  displacement  and  gear 
tooth  number  (2j. 

Verified,  moreover,  the  sensitivity  of  the  method  to  source  impedance 
and  pump  flow  ripple  variations  for  different  geometry  pump  components, 
the  fluidborne  noise  optimization  of  the  gear  pump  has  been  carried  out, 
adopting  the  relief  groove  size  a«!  design  parameter.  Fig. 4  shows  the  dra¬ 
wing  of  both  A  and  b  bearing  blocks,  being  the  distance  d  between  the  edge 
of  the  suction  relief  grooves  and  the  symmetry  axis  of  the  bearing  block  A 
0.8  mm  shorter. 


cipiclty 


Fig. 3  -  Schematic  diagram  of  the  Fig. 4  -  Bearing  blocks 

experimental  set-up.  drawing. 


The  classic  plane  wave  transmission  equation,  describing  the  form  of 
the  complex  standing  wave  in  the  circuit  and  the  pressure  ripple  at  any 
point,  can  be  considerably  simplified  if  the  circuit  is  so  arranged  that 
the  pump  is  discharging  into  an  acoustically  reflectionless  delivery  line 
and  the  pressure  ripple  is  measured  close  to  the  pump  outlet. 

Once  the  pump  internal  impedance  and  its  ideal  flow  have  been  deter¬ 
mined,  such  an  anechoic  system  provides  a  useful  means  of  knowing  the  pump 
flow  ripple  at  entry  to  delivery  line  and  the  pump  internal  flow  losses, 
simply  by  pressure  ripple  measurements  [3]. 

A  first  qualitative  evaluation  of  the  achieved  circuit  reflectionless 
condition,  main  parameter  for  the  accuracy  of  the  results,  was  obtained 
adjusting  the  diaphragm  with  regard  to  the  loading  pressure  and  comparing 
the  waveforms  of  the  pressure  signal  at  four  different  points  of  the  de¬ 
livery  line  (Fig. 3).  Transfer  function  measurements  between  two  pressure 
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values  at  any  two  points  of  the  line  gave  then  the  termination  reflection 
coeffient.  It  allowed  an  easy  evaluation  of  the  termination  impedance,  its 
value  coinciding  with  that  of  the  line  impedance,  with  no  reflection  at 
all. 

A  typical  behaviour  of  the  source  impedance  (Fig. 5,  bare)  is  very 
close  to  the  theoretical  one  [4],  showing  an  anti-resonance  between  1  kHz 
and  2  kHz,  meshing  frequency  being  about  220  Hz,  with  a  phase  change  from 
-90  to  positive  values.  Fig. 5  shows  also  the  source  impedance  zs  behav¬ 
iour  (O)  for  this  pump  but  with  a  piece  of  tooth  cut  off  from  one  gear.  K 
less  compact  pump  geometry  has  as  a  consequence  a  shifting  towards  lower 
frequencies  of  the  source  impedance  anti-resonance,  what  our  results  con¬ 
firmed  in  agreement  with  the  relevant  phase  behaviour.  Pump  ideal  flow 
ripple  (Fig. 6)  turns  out  from  the  sum,  magnitude  and  phase,  of  the  actual 
flow  ripple  and  the  internal  flow  losses. 


O.IO 

i/MC 

0.2S 


0.0 


•0.2$ 


-0.50 

h«n»nlct  p«rioO» 

Fig. 5  -  Source  impedance  comparison.  Fig. 6  -  Ideal  flow  ripple  Qs. 


A  comparison  (Fig. 7)  among  the  hydraulic  noise  characteristics  for 
the  pump  with  different  couples  of  relief  grooves  shows  that  bearing 
blocks  A  increase  the  pump  leakage  flow  Ql,  without  necessarily  lowering 
the  actual  flow  ripple  Qe,  measure  of  the  pump  fluidborne  noise.  The  dif¬ 
ference  between  the  behaviours  of  the  pump  ideal  flow  rate  Qs  is  due  to 
the  fact  that  they  depend  on  both  Qe  and  Ql  and  also  on  their  phase  oppo¬ 
sition,  better  for  relief  grooves  B. 


idborne  noise  parameters,  i.e.  reflection  factor,  termination  pressure 
value,  sonic  velocity,  position  of  the  actual  maximum  of  the  standing 
wave.  They  give  whole  system  identification  and  allow  comparison  with  the 
results  obtained  with  the  above  test  procedure.  According  to  that,  their 
application  in  order  to  characterize  the  fluidborne  noise  of  a  variable 
displacement  axial  piston  pump  located  limits  of  the  anechoic  system  ac¬ 
tually  used,  the  first  being  the  high  dissipation  and  pressure  drop  of  the 
pipe  of  minor  diameter  [5]. 

For  these  reasons,  for  the  sake  of  faster  tests  and  more  reliable 
results,  the  system  optimization  foresees  measuring  pump  hydraulic  noise 
and  source  impedance  making  use  of  only  one  line  and  improving  computer 
programs  in  terms  of  system  parameter  sensitivity. 

PUMP  STRUCTURAL  ANALYSES 

Both  experimental  and  theoretical  techniques  have  been  used  to  obtain 
a  detailed  description  of  the  cyclic  loads  and  forces  acting  on  the  sta¬ 
tionary  pump  casing  and  rotating  gears.  Their  knowledge,  together  with 
that  of  the  overall  dynamic  equilibrium  conditions,  are  prerequisite  for 
the  development  of  a  general  structural  analysis  of  the  external  gear 
pump. 

An  experimental  procedure  with  relevant  computation  steps  has  been 
carried  out  to  describe  the  pump  internal  pressure  behaviour  and  the  con¬ 
sequent  gear  load  distribution.  A  comprehensive  representation  of  the  pump 
casing  stresses  has  been  obtained  with  a  2-D  finite  element  analysis,  com¬ 
paring  the  response  to  some  reference  pressure  distributions  with  that  for 
actual  pump  operating  characteristics  [6]. 

Procedures 

A  set  of  experimental  data  about  the  gear  pump  internal  pressure 
history  has  been  recorded  with  a  piezoelectric  transducer  fixed  inside  the 
driving  gear  shaft  and  communicating  with  a  tooth  vane.  That  solution  pro¬ 
vides  a  knowledge  of  the  pressure  distribution  not  only  on  the  casing  in¬ 
ner  surface  but  also  inside  the  meshing  zone  and  trapped  volume.  In  such  a 
way,  the  analysis  of  pressure  loads  on  gears  is  exhaustive  and  a  precise 
calculation  of  radial  resultants  on  these  possible. 

For  all  different  operating  conditions,  the  pump  had  a  pipe  with  ane¬ 
choic  termination  as  external  load,  such  as  that  described  above.  The  use 
of  a  reflectionless  system  is  due  to  the  fact  that  the  analysis  of  the 
pump  operating  features  must  be  carried  out  without  introducing  the  effect 
of  any  external  unwanted  influences  on  the  measured  quantities. 

Fig. 8  shows  a  typical  behaviour  of  the  pump  internal  pressure  ripple 
corresponding  to  a  gear  shaft  revolution,  in  a  vane  between  contiguous 
teeth,  during  fluid  transfer  from  suction  to  delivery  port,  the  pressure 
rises  quickly  from  zero  to  delivery  value.  Fluid  compression  phenomenon 
for  the  trapped  volume  is  represented  with  the  maximum  pressure  peak  cor¬ 
responding  to  the  two  gear  meshing  angular  positions.  The  following  pres¬ 
sure  drop  occurs  when  trapped  volume  opens  to  suction. 

The  above  actual  pump  operating  features  as  input  data  allow  the  com¬ 
putation  of  radial  load  resultants  on  the  gears. 

Fig. 9  is  an  example  of  the  final  output  of  the  computer  program  on 
purpose  worked  out. 

For  the  2-D  finite  element  analysis,  the  ANSYS  code  has  been  used. 
The  non-linear  contact  between  pump  structure  and  bearing  blocks  has  been 
simulated  by  means  of  a  shaped  rigid  surface  on  the  inner  inlet  side  of 
the  casing  or  with  a  finite  element  model  of  the  bearing  blocks,  using  2-D 
interface  elements.  This  second  kind  of  solution 'gives  a  geometric  config¬ 
uration  close  as  much  as  possible  to  the  real  one  and  allows  to  follow  the 
deformation  of  the  contacting  surfaces. 

Among  the  main  results,  the  good  analogy  between  very  local  stress 
concentration  points,  suggesting  the  possibility  of  fatigue  crack  propaga¬ 
tion  lines,  and  the  actual  fatigue  failures  of  this  type  on  some  strain 
aged  pumps. 
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Fig. 8  -  Pump  pressure  time  history 
p[bar](  T(0.01sec]/  ^fdcg].  Shaft 
speed:  1500  rev/min.  Loading  pres¬ 
sure:  50  bar. 


Fig. 9  -  Resultant  forces  on  the 
gear  shafts  and  angles.  RlSc,ARISc: 
driven  gear.  RISm,  ARISm:  driving 
gear. 


Moreover,  the  radial  resultant 
on  the  gea*r  shaft,  corresponding  in 
our  model  to  the  reactions  at  the 
traslational  constraints  on  the  bear¬ 
ing  blocks,  is  in  very  good  agreement 
with  that  directly  computed  from  the 
experimental  results,  when  taking  in¬ 
to  account  the  absence  of  contact 
force  between  meshing  teeth. 

Fig  10  represents  the  pump  stress  be¬ 
haviour  using  the  real  pressure  dis¬ 
tribution  from  experimental  data  and 
the  finite  element  model  of  the  bear¬ 
ing  bl Vicks.  The  error  in  both  angle 
and  magnitude  evaluation  is  main¬ 
tained  within  a  few  percent. 

CONCLUSIONS 

Complementing  the  usual  single  title  of  merit  (sound  power)  with 
multiple  titles  (intensity  maps,  gating  spectra  and  vibration  measure¬ 
ments)  gives  effective  and  precise  ways  of  evaluating  each  design  param¬ 
eters  in  terms  of  minimum  noise  emission. 

The  test  method  for  asse^  .ing  fluidborne  noise,  being  very  sensitive 
to  pump  structural  modifications,  proved  to  be  the  basic  tool  for  a  noise 
optimization  .  rocedure  and  the  achievement  of  the  best  trade-off  between 
acoustic  and  ..nctional  performances. 

Numeric  simulation  in  order  to  evaluate  the  component  quality  at  de¬ 
sign  stage  together  with  experimental  procedure  allowed  the  computation  of 
pump  casing  stress  distribution,  starting  from  pump  internal  pressure  ac-  < 

tual  behaviour,  with  consequent  possibility  of  structural  modifications. 
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ABSTRACT 

The  authors  suggest  to  use  statistical  acoustics  theory  for  noise 
level  predictions  in  vehicles  (excavating  machiues,  tractors,  automobi¬ 
les,  loaders,  moto-graders  and  so  on). 

Every  vehicle  is  considered  as  a  system  of  separate  subsystems  - 
noise  sourcers,  noise-protective  constructions  etc.  The  authors  offers 
the  schemes  that  inc..  rde  main  designing  units  of  the  transport  vehicles. 

Equations  being  r.^ggested  allow  to  figure  out  the  expected  noise 
level  of  vehicles  whila  '.he  engineering  stage.  This  method  has  been  wi¬ 
dely  estimated  in  pract;.'7e.  Using  this  method  the  authors  succeeded  to 
attain  much  noise  reduction  for  some  vehicles.  For  examr le,  noise  in  the 
cabs  of  wheeled  vehicles  has  been  reduced  to  76  of  loadei's  -  to 
77  dBA,  of  excavating  machines  -  to  78  8BA,  of  ai'.oraobiles  -  to  79  dBA. 

This  metnod  provides  several  times  cost  saving  through  cutting  the 
number  of  experiments  because  it  allows  to  draw  the  task  of  noise  of 
protective  units  into  the  draft  designing  stage.  It  also  allows  to  lower 
the  cost  of  noise  protection  facilities. 


Statistical  Theory  has  been  widely  v.':ed  to  estimate  noise  in  Archi¬ 
tectural  Building  Acoustics  in  one  design  of  rooms  and  also  with  the 
solution  of  noise  problems  in  residential  areas.  1  The  application  of 
statistical  theory,  though  being  reasonably  reliable  for  the  vehicle 
design,  is  rather  difficult  to  use  because  of  the  small  volumes  involved, 
where  the  sound  fields  are  quasi-diffuse.  Therefore  we  suggest  the  use  of 
statistical  acoustics  theory  for  noise  control  in  vos.icles  with  several 
assumptions:  1437 
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1.  The  sound  field  in  the  enclosed  space  (  cabs,  desel  conpartmenbs,  and 
enclosures)  is  considered  to  be  quasi-diffuse  with  the  boundary  frequency 

■  /j  =  300 

where  -  is  the  volume  of  the  sound  field  in  the  space. 

2.  All  of  the  numerous  actual  sound  sources  of  complicated  shape  are  con¬ 
sidered  to  be  reduced  to  five  idealised  ones: 

-  three-dimensional  sound  sources  radiating  sound  in  three  dimen¬ 
sions  (a  A  ,  b  ,  c  ; 

-  plane  sound  sources  ,b^>A  ) 

-  spherical  sound  sources  (D  ^  A  ) 

-  linear  sound  sources  (a  ^  A  ) 

-  point  sound  sources  (a  ^ 

where  a,b,c  are  the  characteristic  dimensions  of  the  sources,  is  the 
sound  length  wave. 

5.  Every  noise  protecting  construction  (  sound  isolating  enclosures, cabs, 
acoustic  shields  and  so  on)  and  its  components  (  holes,  openings  slots 
etc.)  consists  of  a  number  of  elemental  secondary  radiators,  with  point 
sound  sources  v/hich  are  located  throughout  the  whole  area  or  lengbn  of 
the  latter.  The  elementary  sound  radiators  are  considerea  to  be  non¬ 
coherent. 

The  whole  variety  of  acoustical  processes  in  vehicles  are  assumed  to 
be  reduced  to  the  following  typical  estimation  schemes: 

-  sound  radiation  of  the  enclosure  components  differently  oriented 
with  respect  to  the  specified  point  (SP)  located  outside  the  enclosure; 

-  sound  propagation  to  the  cab  from  point,  linear  or  tree-dimensional 
sound  sources  located  outdoors  under  the  condition  of  unequal  sound  waves 
distribution  (attenuation)  on  the  external  cabin  panels; 

-  sound  propagation  to  the  cab  through  inter-connected  spaces; 

-  sound  reflection  from  limited  and  unlimited  surfaces; 

)  sound  penetration  through  a  shield  to  a  point  located  near  the 
shield  in  the  deep  acoustical  shadow  area  (  with  diffraction  angles  more 
than  90  grad.); 

-  sound  radiation  from  the  space  source  into  free  or  enclosed  areas 
with  different  locations  of  the  specified  point. 

Por  the  first  case  considered  the  sound  intensity  at  the  specified 
point  depends  on: 

-  the  acoustic  source  power  (W  source); 

-  the  factor  of  sound  attemation  from  the  three-dimensional  source 

coursed  by  the  enclosure  (D  enclosure);  ^ 

-  the  average  sound  absorption  coefficient  (*^  enclosure)  being 
proportional  to  the  absorption  area  (A  enclosure); 

-  the  location  coeff<«,enb  of  plcne  the  secondary  sound  sources 
( enclosure); 
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the  sound  conductivity  of  the  enclosure  elements  (  *2"  enclosure); 

-  the  dimensions  of  the  holes,  slots  and  openings. 

The  intensity  of  the  sound  penetrating  into  the  cab  from  a  point 
source,  located  outdoors,  is  estimated  with  consideration  of  the  follow¬ 
ing  values:  sound  source  power  (W  source),  the  distance  between  the  cab 
and  the  sound  source  (R  source),  spatial  location  of  the  source  (i2. sour¬ 
ce),  A  cab,  the  absorptive  area  if  the  cab,  the  cab  dimensions,  the  cab 
enclosing  area  and  their  sound  conductivity  (  A  cab)  of  the  holes, slots 
and  opening  areas. 

The  intensity  of  the  sound  coming  into  the  cab  through  its  floor  by 
reflection  from  the  unlimited  surface  is  u'itermined  with  consideration 
of  the  source  sound  power  (W  source),  the  sound  absorption  coefficient 
^  surface) ,  openings  dimensions  of  the  openings  in  the  enclosure  the 
height  of  the  machine  location  above  the  reflective  surface  and 
absorptive  T  . 

The  intensity  of  the  sound  penetrating  through  an  acoustic  shield 
(A  Sh)  in  the  deep  acoxistical  shadow  area  is  estimated  by  taking  into 
account  W  source,  the  acoustic  shield  location  in  space  (-^A  Sh),  R  A  Sh, 
the  distance  between  the  shield  and  the  specific  point  {.d  k  Sh),  the 
absorptive  coefficient  (</.A  Sh),  of  the  area  A  Sh,  linear  dimensions  of 
A  Sh  and  the  distance  between  ribs  of  the  area  A  Sh  and  the  specific 
point. 

The  analysis  of  the  noise  prediction  was  made  for  different  vehic¬ 
les.  It  was  shown  experimentally  that  the  difference  betv/een  the  pre¬ 
dicted  and  experimental  data  is  -  3  dB  in  the  frequency  range  of  50  - 
8000  Hz  for  all  the  actual  vehicles  types  (trucks,  minibuses,  excavators, 
tractors,  cranes,  mechanical  loaders  and  so  on). 

The  of  theoretical  and  experimental  results  are  given  in  TABLE  1: 


Vehicle  type  Sovmd  pressure  levels  (dB)  in  the  octave 
ccntey  frequencies  shown  (Hz) 

!  band  with 

65 

125 

250 

500 

1000 

2000  4000 

8000 

85* 

81 

82 

81 

79 

73 

66 

59 

Minibus 

103 

96 

86 

84 

80 

74 

65 

59 

Mechanical  64 

84 

86 

82 

79 

75 

68 

64 

loader 

96 

89 

84 

80 

79 

76 

70 

64 

Tractor 

86 

90 

88 

84 

79 

76 

72 

69 

88 

87 

85 

87 

83 

76 

72 

71 

*  Theoretical  estimates  are  given  top  rows;  experimental  results  are 
given  in  the  bottom  rows  for  each  vehicle  type. 

Let  us  consider  the  sound  peneration  paths  to  the  cab  from  the  main  ve  - 
hide  noise  sources  (Rig.  1).  As  for  the  engine  noise  and  that  of  tie 
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cooling  system  fan,  these  sources  being  under  the  enclosure  and  having 
similar  sound  propagation  pahts,  the  noise  from  these  sources  penetrates 

by  the  following  three  ways:  through  a  the  partition  which  separates  the 
saloon  cabin  from  the  engine  area;  through  an  open  enclosure  aperttires 
and(  by  reflections  from  the  ground^  through  the  saloon  cabin's  floor; 
through  enclosure  barriers  and  further  through  a  saloon  cabins  panels 
with  the  exception  of  the  partition  and  the  floor.  Exhaust  noiseyconsi  - 
dering  the  exhaust  pipe  location  with  respect  to  the  saloon  cabin,  penet* 
rates  directly  through  the  floor,  underwhich  it  is  located;  The  trans¬ 
mission  noise  penetrates  to  the  cab  through  the  floor  enclosures.  Noise 
from  tires  penetrates  to  the  cab,  diffraction  loss  accounted,  through  all 
I  the  cab's  panels  with  the  exception  of  the  partition.  Besults  of  airborne 

i  noise  in  the  vehicle  cab  are  presented  in  Table  2  and  in  Fig.  2. 

Table  2. 

Sound  panitrating  Estimated  sound  pressure  levels  (dB),  in  the  octave 
j  band  center  frequencies 

-  - - - — _ — - - - - -  ■  _  — , -  _  _ _  - - - 

channels  6?  125  250  500  1000  2000  4000  8000 

from  the  engine  67,7  66.2  71.1  75,2  71.4  65.0  56,7  55,5 

through  the  65.1  60.6  69.4  71,5  70.7  61  i1  55.5  52,6 

partition 

j  through  the  floor  60.5  61,9  62.8  66.0  61.2  55,6  47.8  45.2 

i  through  the  cab's  64.5  61.6  65.7  64.5  57,1  55,4  47.9  40.8 

‘  pannels 

I  from  the  fan  69.0  ^«^,7  72.6  68,7  67,0  56.6  50,8  40.9 

through  the  65.1  67.1  69.7  64.7  65.7  55.1  48.1  59.2 

j  partition 

through  the  floor  61.9  70.9  65;9  62,1  59.5  50,8  44.2  55.6 

through  the  cab's  66.5  70.9  67.1  61,0  55.8  51.1  44.7  81.7 

pannels 

from  the  gear  box  64.6  66.8  61.6  65,1  65.6  65.0  58.6  49.1 

from  the  exhaust  60,5  67.2  61,5  66.5  65.5  65,5  58.0  50.8 

fr<Mi  the  60.6  62.4  66.6  68.1  62.6  62.0  59.6  52.1 

transmission 

from  tires  84.8  78.1  81.0  79.1  77.1  69.8  58.7  52.8 

from  all  sources  85.1  80.9  82.2  80.9  79.0  72.9  65.6  59.0 

Results  of  the  method  given  applied  to  the  noise  estimation  for  some 
kinds  of  vehicles  while  the  design  stage  and  at  the  stage  of  experlmen  - 
tal  testing  are  presented  in  Table  5; 


Vehicle 

type 

Sovmd 

levels,  dB  (A) 

TH£  ORIGUfAL 

STAGE  AFTER  NOISE  RJsXUSIKG 

liODIPICATIONS 

Tractors 

89 

76 

Loaders 

85 

77 

Railway 

cleaning 

machines 

95 

78 

Buses 

86 

79 

Sxcavators 

88 

78 

Xhe  considered  nethod  having  been  applied  on  the  engineering  stage, 
the  noise  level  reduction  by  8  -17  dbi  was  successfully  achieved* 
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Figure  1*—  The  Scheme  of  Acoustic  Estimation  for  Vehicles, 

1  -  the  ICE  inlet;  2  -  the  cooling  fan;  5  -  the  ICE  coat; 

4  -  the  gear  box;  5  -  the  rear  axle;  6  -  tires;  7  -  the  ICE  outlet. 
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Figure  2  -  -  Noise  estimation  spectra  of  the 
vehicle  cab, 

1  -  the  total  noise  spectrum;  2  -  the  noise 
spectrum  of  tires;  5  -  the  noise  spectrum  of 
the  gear  box;  4  -  the  same  of  the  exhaust; 

5  -  the  same  of  the  engine;  6  -  the  same  of 
transmission;  7  -  the  same  of  the  fan  system. 
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The  composition  and  the  possibiiities  of  the  automated  system  for  calculating  limit  admissible  noise 
characteristics  (LANCh)  of  equipment  both  having  been  in  operation  already  and  subjected  to  development  are 
described.  As  a  basis  a  method  of  energetic  composition  of  sound  signals  has  been  assumed.  The  limit  admissible 
values  of  the  sound  power  of  the  noise  sources  are  being  determined  by  means  of  the  solution  of  reverse  acoustic 
problem.  The  system  also  comprises  optimization  of  found  LANCh  values,  calculation  of  the  noise  chart  in  the 
room,  option  of  the  rational  position  of  a  working  place  and  owing  to  it  the  raising  LANCh  values  of  equipment. 
The  example  of  using  the  system  for  the  determination  of  LANCh  of  curds  production  shop  equipment  has 
been  given. 


A  limit  admissible  noise  characteristic  (LANCh)  of  a  machine  is  those  values  of  its  noise  characteristic 
(levels  of  sound  power  in  octave  frequency  bands)  which  ensures  the  fulfilment  of  the  noise  norms  at  working 
places  under  typical  operation  conditions  [1] . 

Preliminary  calculating  of  the  LANCh  (before  detailed  development  of  a  machine)  makes  it  possible 
to  put  in  noise  claims  corresponding  to  the  technical  level  and,  if  it  is  necessary,  to  provide  noise  reduction  in 
the  process  of  a  machine  development  and  construction. 

The  method  of  the  LANCh  calculating  determined  by  the  USSR  Standard  [1]  was  worked  out  for 
conditions  of  even  distribution  of  the  same  type  equipment  (equipment  with  approximately  equal  sound  power 
level)  in  a  production  area.  In  a  case  when  different  types  of  equipment  work  in  a  production  area  a  reverse  acous¬ 
tic  problem  should  be  solved;  to  calculate  admissible  values  P®'*  of  sound  power  according  to  the  predetermined 
standard  values  of  sound  intensity  1,^  =  is  the  noise  norm,  dB,  in  octave  frequency  band) 

taking  into  account  a  definite  order  of  sound  sources  and  working  places  location  in  an  industrial  area  [2,  3) . 

The  problem  is  brought  to  the  system  of  linear  algebraic  equations 


n 

r 

i-1 


OjiP?**  =  Igtj, 


i  ),  2, , , , ,  np. 


(1) 


where  n  is  the  number  of  simultaneously  working  sound  sources;  n^  is  the  number  of  working  places;  a-j  are  ele¬ 
ments  of  the  system  matrix  consisting  of  two  components; 


(2) 


the  first  of  them  describes  the  contribution  of  direct  sound  radiated  by  sound  source  number  i  at  working  place 
number  j,  the  second  -  the  corresponding  contribution  of  the  reflected  sound.  Expressions  for  the  components 
in  Eq.(2)  take  into  account  location  of  the  sound  sources  relatively  to  the  working  places  and  acoustic  character¬ 
istics  of  the  room  and  are  determined  by  adopted  model  of  sound  spreading  in  the  room  (upon  energy  approach 
they  are  given  in  the  reference  book  [4] ). 

If  the  information  about  real  values  of  the  noise  characteristics  of  sound  sources  is  available,  the  from 
system  (1)  calculated  values  of  the  can  be  optimized.  For  operating  equipment  such  an  information  is  given 
in  the  rate  and  technical  documentation.  As  for  the  equipment  under  development  and  construction  the  data  of 
noise  characteristics  of  prototype  machines  may  be  used.  An  idea  and  procedures  of  optimization  are  given  in 
the  work  [5] . 

If  the  location  of  working  place  has  not  been  fixed  due  to  the  necessity  of  maintenance  of  the  equip¬ 
ment,  a  possibility  to  choose  an  appropriate  location  for  it  in  the  room  is  available  to  provide  maximum 
LANCh  of  the  machines.  An  algorithm  to  realise  such  a  possibility  is  described  in  the  work  [6] . 

In  accordance  with  the  above-described  approach  an  automated  system  "PDHX"  was  developed.  It 
includes  the  following  computering  procedures; 

—  calculation  of  limit  admissible  sound  power  levels  of  noise  sources  at  the  moment  they  are  all  simult¬ 
aneously  working,  with  taking  into  account  the  disposition  of  noise  sources  and  working  places  location  in  an 
industrial  area; 

—  optimization  of  the  obtained  LANCh  values  with  taking  into  account  real  sound  power  levels  of  noise 

sources; 

—  calculation  of  sound  levels  in  room  (noise  charts)  and  choosing  of  a  rational  position  of  a  working 
place  where  the  LANCh  of  the  most  noisy  equipment  have  maximum  values. 

An  enlarged  block-diagram  of  the  calculation  algorithm  is  given  in  Fig.  1. 

The  system  was  realized  using  a  personal  computer  IBM  PC/XT/AT  and  an  electronic  computer  CM- 

riad  2. 

As  an  example,  let  us  consider  calculation  of  LANCh  of  equipment  for  production  of  curds  (cottage 
cheese).  The  composition,  disposition  of  the  equipment  and  the  location  of  the  working  place  are  indicated  in 
Fig.  2. 

Table  1  shows  the  calculated  values  of  the  LANCh  L*?  in  comparison  with  the  real  (measured  [7] )  sound 
power  levels  L^ ,  of  the  equipment  in  the  octave  band  with  the  geometric  mean  frequency  f^,  =  250  Hz . 

Seven  sources  of  15  are  considered  to  be  weak  (L“'|  >  Lpf).  The  numbers  of  thouse  sources  are  1^ 
and  10-12.  By  l^owering  of  their  LANCh  to  the  L^.  the  LANCh  of  the  rest  powerful  sources  5-9  and  13-15, 
for  which  the  Lpj  was  obtained  less  than  Lp'',,  can  be  increased. 

A  successive  procedure  of  optimization  (5J  makes  it  possible  to  increase  to  the  required  level  the  LANCh 
of  the  seven  the  powerful  sources.  It  is  impossible  to  reach  the  real  value  of  sound  power  for  the  15-th  the  most 
powerful  source.  It  can  not  be  done  even  in  the  case  when  all  existing  reserve  of  the  sound  power  are  used  (Li'Jc 
still  ls4.7dBlessthan  Lp^g). 


Table  1  -  Comparising  the  LANCh  and  real  sound  power  values  in  octave  band  with  fp,  =  250  Hz. 


i 

1 

2 

3 

4 

5 

6 

7 

8 

9 

10 

11 

12 

13 

14 

15 

Lp^i^dB 

82 

81 

81 

80 

81 

82 

82 

82 

82 

82 

82 

82 

82 

82 

82 

Lpj.QB 

78 

78 

79 

72 

82 

84 

83 

86 

84 

72 

78 

78 

83 

84 

94 

A,dB 

4 

3 

2 

8 

-1 

-2 

-1 

-4 

-2 

10 

4 

4 

-1 

-2 

-12 

Transfering  of  the  control  station  to  the  region  with  the  lowerest  value  of  sound  level  (Fig.  2)  resulted  in 
increasing  of  the  LANCh  from  1  to  4  dB  (depending  on  the  octave  band)  of  the  nearest  to  the  working  place  sound 
sources  4  and  5.  The  LANCh  of  the  distant  sources  practically  did  not  change.  Low  results  are  connected  with  a  I 

great  portion  of  reflected  sound  in  the  shop  because  of  its  small  dimensions  (14.5x  14.0x6.0  m)  and  high  reflecting  ' 
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abilities  of  the  surrounding  surfaces.  The  biggest  difference  in  the  values  of  sound  levels  in  the  rated  points  was 
only  3  dB.  It  was  possible  to  draw  only  five  isolines  with  the  step  0.5  dB  over  all  space  of  the  room  (solid  lines 
in  Fig.  2).  Also  weak  effect  of  optimization  of  the  LANCh  in  octave  bands  with  geometric  mean  frequences 
500— 2.(X)0  Hz  may  be  explained  by  poor  acoustic  characteristics  of  the  room. 

Repeated  calculations  under  free  sound  field  conditions  (component  ajj  in  Eg. (2)  is  equated  to  zero)  resul¬ 
ted  in  increasing  of  the  LANCh  by  2-5  dB  for  the  nearest  and  6-13  dB  for  the  distant  from  the  working  place  sound 
sources.  Considerable  changes  in  distribution  of  sound  levels  in  the  room  took  place  (see  the  chart  of  sound  levels 
in  Fig.  2,  dashed  lines).  Difference  in  sound  levels  (and  sound  pressure  levels)  was  17.8  dB.  Transfer  of  the  working 
place  to  the  point  with  the  lowerest  sound  level  made  it  possible  to  increase  the  LANCh  of  the  equipment  by  12- 
13  dB  for  the  sources  4  and  5  and  by  2-7  dB  for  the  rest  of  the  sources.  As  a  result  it  became  possible  to  increase 
the  LANCh  values  up  to  the  real  ones  over  all  standardized  frequency  band. 

The  calculation  proves  potential  effectiveness  of  rational  choosing  of  the  location  for  a  working  place.  As 
far  as  the  above-mentioned  ihop  is  concerned  the  necessity  to  cover  the  walls  and  ceiling  by  a  sound  absorbing 
lagging  is  evident.  It  will  help  considerably  to  decrease  noise  at  a  working  place,  increase  equipment  LANCh  levels, 
extend  abilities  of  their  optimizing,  and  decrease  expenditures  for  lowering  of  the  acoustic  activity  of  machines. 


CONCLUSIONS 

1.  The  system  "PDHX"  makes  it  possible  to  carry  out  optimum  rationing  of  the  noise  characteristics  of 
machines  wking  into  account  typical  operation  conditions.  It  may  be  considered  as  an  element  of  an  acoustic  auto¬ 
mated  design  system  of  industrial  objects  and  machine  building  industry  products  used  for  acoustic  calculations  in 
the  process  of  development  of  new  equipment  (machines,  linos,  complexes)  and  design  of  shops  for  industrial  en¬ 
terprises. 

2.  Application  of  the  system  on  the  stage  of  preparation  of  requests  for  a  proposal  makes  it  possible  to 
formulate  the  requirements  for  the  noise  characteristics  of  an  article  under  development  and  simultaneously  with 
development  and  construction  to  carry  out  acoustic  design  to  meet  the  noise  reguirements.  A  numerical  experi¬ 
ment  to  determine  influence  of  the  reflected  sound  allowes  to  establish  the  values  of  noise  characteristics  of  ma¬ 
chines  in  an  optimum  way  and  to  work  out  reasonable  requirements  for  acoustic  characteristics  of  rooms. 

3.  Application  of  the  above-mentioned  system  when  designing  industrial  areas  makes  it  possible  to  choose 
a  rational  version  of  equipment  disposition  and  working  place  location  as  well  as  to  determine  the  requirements 
for  noise  characteristics  of  machines  and  acoustic  characteristics  of  room  to  insure  the  fulfilment  of  the  noise 
norms  at  working  places. 
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ABSTRACT 

Flexible  barriers  considered  in  this  paper  were  designed  to  provide  an  effective  noise 
isolation  while  allowing  fast  access  to  printing  machine’s  engine  parts.  The  flexible  barrier  itself 
consists  of  a  set  of  linear  thin  rigid  plates  joined  together  lengthwise  into  a  chain.  The  theoretical 
model  for  calculation  of  the  noise  reduction  providM  by  these  screens,  the  calculation  method  and 
the  experimental  data  are  represented  in  this  paper. 

INTRODUCTION 

Until  now  two  kinds  of  sound  protection  barriers  were  widely  applying  for  most  printing 
machines.  One  of  them  is  the  hermetic  rigid  massive  case,  the  second  is  the  barrier  with  the 
technological  openings  for  handling.  But  it  is  difficult  to  use  such  kinds  of  barriers  for  mechanisms 
which  suppose  to  have  the  fast  access  to  them.  Flexible  barriers  were  designed  to  provide  an 
effective  noise  isolation  while  allowing  fast  access  to  engine  parts  (fig.  la).  There  are  flexible 
barriers  made  from  fabric  which  used,  for  example,  for  marine’s  Diesel  engines,  but  these  screens 
are  too  unstable  and  unreliable. 

The  flexible  barrier  described  below  consists  of  a  set  of  linear  thin  rigid  plates  joined 
together  lengthwise  into  a  chain  (fig.  lb,  c).  These  barriers  can  be  mounted  on  variety  of 
mechanism’s  shapes  and  also  in  passage  ways  between  machine’s  sections. 

The  purpose  of  work  was  to  develop  a  method  of  calculations  of  the  noise  reduction 
provided  by  different  designs  of  flexible  screens. 

This  method  allows  a  choice  of  the  design  when  developing. 

APPROXIMATE  ANALYTICAL  SOLUTION 

This  calculation  were  made  for  barriers  with  the  following  characteristics  /!/:  < 

-  small  sizes  of  barriers  -  less  than  1  m,  i 

-  proximity  to  noise  source  (engine)  -  about  0.5  m,  i 

•  remote  destination  (personnel)  -  more  than  2  -  3  m, 

-  noise  bandwidth  -  63  -  8000  Hz. 

The  model  selected  is  one  plane  containing  a  set  of  linear  rectangular  plates  placed  side-by- 
side,  separated  by  narrow  spaces.  Ail  plates  are  making  flexural  oscillations  under  the  influence  of 
evenly  distributed  noise  pressure. 

This  model  allows  to  determine  parameter-',  which  are  necessary  to  reach  the  best  noise 
reduction. 

It  is  assumed  that: 

-  there  is  no  vibration  energy  transmission  from  one  plate  to  another, 

*  joint  coupling  considered  as  an  acoustically  small  opening,  i.e.  their  sizes  are  le.ss  than  the 
wave  length, 

-  plate’s  edges  are  supported, 

-  vibration  plates  phases  are  random. 
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Figure  1  —  The  flexible  barriers  for  printing  nuchines: 
a)  sampie  of  piacement;  b)  front  view;  c)  top  view. 


The  noise  reduction  was  caiculated  as  the  difference  between  the  sound  pressure  level  at  the 
remote  point  (working  place)  and  the  pressure  level  near  to  machine’s  engine  part  (inside  the 
case). 

Since  the  fundamental  sound  field  equations  are  linear  /2/,  the  system’s  sound  pressure  is 
equal  to  the  sum  of  sound  pressures  of  each  source.  So  the  total  sound  pressure  on  the  central  line 
of  the  system  Pfb  is  the  sum  of  pressures  of  plates  and  holes: 


Pfb  =  ♦  Z  ****  =  ^‘^  ^9  **  ♦  (q  -  1)  Ph)  (1), 


where  P  is  the  sound  pressure  emitted  by  the  single  plate  on  the  central  line  of  the  system, 
Ph  is  the  sound  pressure  generated  by  the  single  hole  on  the  central  line  of  the  system,  kl  is  the 
random  phase  summation  coefficient,  q  is  the  number  of  plates. 

The  calculation  of  the  noise  reouction  provided  by  the  barrier  (in  far  field)  was  based  on 
the  single  finite  plate  sound  pressure  derivation  using  Huygens  -  Rayleigh  integral  /3/: 

JRpic*  p  e  "J*"* 

P  =  -  I  V  dtr  -  (2), 

21t  J  r 


where  p  is  the  sound  pressure  generated  by  single  plate,  v  is  velocity,  drs'  is  the  surface 
element,  r  is  the  distance  from  the  surface  element  to  the  distant  destination  point,j7  is  the  air 
tightness,  Co  is  the  sound  propagation  speed  in  the  air,  k  is  the  wave  number,  and  the  equation  for 
the  sound  pressure  determination  can  be  written  as; 


lcp»  c* 
Zlirt 


Mxq  Svx  Svi| 


(3), 


where  tg  is  the  distance  from  the  central  plate  to  the  distant  destination  point,  Vxy  is  the 
velocity  amplitude,  Svx,  Svy  are  the  Fourier  spectrums  of  the  velocity  distribution  on  the  plate’s 
surface. 
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where  I,,  I2  are  plate  dimensions. 

The  sound  pressure  can  be  derived  using  the  definition  of  ’’impedance”  on  the  resonance 
frequency  cu  „„  with  the  loss  factor  n  .  The  total  sound  pressure  in  the  ’  ih  frequency  band  is 
equal  to:  ^ 

00  00  8  k  P*  c»  S  Pk 

P  =  Z  Z - 5 

w=l  n=l  P*  ♦  31  mnp  h  cj  WB  Tj  j  )  Nj 


where  Ni  is  the  number  of  resonance  frequencies,  m,  n  are  mode  numbers,  m  =  1,  3,  5..,  n  =* 
1,  3,  5..,  is  the  loss  factor,  S  ••  1,  Ij  is  the  plate  area,^  is  the  plate  density,  Pk  is  the  applied 
sound  pressure,  uj  „„  is  the  resonance  frequency,  h  is  the  plate  thickness.  This  is  the  expression 
for  2  -  dimension  oscillating  plate.  For  1  -  dimension  oscillation  plate  this  expression  can  be 
written  as: 

CD  2  k  p»ct  S  Pk 

p  =  Z  - -  (7), 

Tin  (  4p*ct  ♦  31  m  ph  cam  »jj)  Hj 


When  the  noise  is  passing  through  the  acoustically  small  opening,  the  sound  pressure  in  the 
remote  point  also  may  be  obtained  by  using  Rayleigh  integral: 


where << is  the  hoie  area,  ‘IT is  the  passing  ratio  (coefficient),  r  is  the  distance  from  the 
central  hole  to  the  distant  destination  point. 

The  analysis  of  the  influence  of  different  construction  parameters  to  the  noise  reduction 
value  was  based  on  this  theoretical  model.  The  main  difficulty  In  the  definition  of  noise  reduction 
was  the  determination  of  the  flexible  screen’s  loss  factor.  It  was  derived  during  the  experiment. 

THE  EXPERIMENTAL  DERIVATION  OF  THE  LOSS  FACTOR  OF  THE  FLEXIBLE 
SCREEN 

The  loss  factor  was  changing  as  function  of  thickness,  width  and  material  of  plates,  number 
of  plates,  dimension  of  a  gasket.  The  total  area  of  the  prototype  to  be  tested  was  keeping  constant, 
was  selected  550  x  450  mm.  The  plates  thickness  was  changing  from  1  mm  to  5  mm,  the  number  of 
plates  was  changing  from  1  to  25,  $0  their  width  was  changing  from  450  mm  to  18  mm. 

Experiments  were  preformed  on  the  specially  designed  prototypes  where  the  edges  of  plates  were 
fastened  between  two  massive  frames. 
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Kith  the  rubber 


64  12&  2Se  500  1000  2000  f.Hs 


\without  the  rubber 


—  —  — I  '  ■  I - 1 - ^ 

64  125  25B  5BB  IBBB  2BBB  f/Hz 


Fugure  2  —  The  frequency  response  of  the  flexible  barriers  loss  factor:  a)  sets  having  q  plates;  b)  the  set 
of  20  plastic  plates. 

Experimental  data  shows  that  boundaiy  conditions  makes  the  considerable  influence  to  thin 
plates  vibration  at  low  modes.  At  fl-equencies  higher  than  4000  Hz  the  loss  factor  depends  on  the 
internal  friction  and  almost  independent  on  the  plates  thicknesses. 

The  loss  factor  of  the  different  material  plates  sets  is  in  range  0.03  -  0.12  (fig.  2).  The  loss 
factor  of  acrylic  plastic  prototypes  has  a  more  smooth  functional  dependence  on  the  frequency  as 
compare  to  mehtllic  plates.  Increasing  of  the  number  of  plates  leads  to  increasing  of  the  loss  factor 
in  whole  frequency  band  (fig.  2a).  The  dispersion  of  the  results  of  measurements  is  rising  in  the 
high  frequency  band.  When  a  rubber  strap  was  located  between  the  metallic  plates  loss  factor  was 
increased  in  tne  low  frequency  band  (fig.  2b).  When  the  rubber  strap  was  located  between  the 
plastic  plates  the  loss  factor  was  increasing  in  average  for  0.04  in  whole  band. 

NOISE  REDUCTION  MEASUREMENTS  OF  FLEXIBLE  BARRIERS 

Tests  were  performed  with  sets  having  the  different  materials,  thicknesses,  number  of  plates, 
hole  dimensions,  strap  diameters.  The  comparison  of  the  theoretical  and  experimental  data  shows 
that  the  method  described  allows  to  obtain  accurate  enough  results  in  given  frequency  range.  Steel 
plates  thickness  c^nging  does  not  influence  to  the  noise  reduction  in  the  high  frequency  band. 
Metal  plates  sets  have  a  highest  noise  reduction,  which  is  equal  to  the  isotropic  plate’s  noise 
reduction  in  the  high  frequency  band.  In  the  middle  frequency  band  the  noise  reduction  of  metal 
plates  sets  is  more  than  the  isotropic  plates  noise  reduction  on  3  -  5  dB. 

Just  as  we  bad  expected  after  theoretical  calculation  3-7  plates  sets  have  the  best  acoustical 
characteristics  for  this  prototype’s  total  area.  The  minimum  of  noise  reduction  is  provided  by  20  - 
25  plates  sets  for  this  prototype  area.  The  noise  reduction  of  such  sets  is  less  than  Isotropic  plate 
noise  reduction  in  all  frequency  range. 


12S  2S«  588 


125  258  588  1888 
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Fugure  3  —  The  frequency  response  of  the  noise  reduction  of  sets  of  steel  plates:  a)  10  plates  without  the 
hole  and  strap;  b)  20  plates  with  the  rubbo*  strap  (diameter  3  mm). 

I-  calculation  results;  2-  experimental  results. 


. . 


Experimental  results  are  matching  good  with  calculations  performed  (fig.  3a).  The 
difference  is  not  more  than  3  dB  both  for  wide  (more  than  1 12  mm)  and  narrow  (less  than  45  mm) 
plates.  The  difference  between  the  theoretical  and  experimental  data  is  reaching  8  -  12  dB  for 
plates  sets,  having  width  of  each  plate  45-112  mm.  Results  described  was  obtained  both  for 
metallic  and  plastic  plates.  The  presence  of  junctions  reduces  the  noise  reduction  for  5  dB.  This 
fact  also  is  in  a  good  matching  with  the  theoretical  results. 

Placement  of  rubber  strap  between  the  metal  plates  leads  to  some  falling  of  acoustical 
characteristics  as  compare  to  ones  of  the  set  without  hole  and  rubber.  Instead,  the  placement  of 
rubber  strap  between  plastic  plates  leads  to  the  improvement  of  acoustical  characteristics  in  whole 
frequency  band.  In  this  case  the  difference  between  theoretical  and  experimental  data  is  too  small 
even  for  5  -  7  plates  sets  (fig.  3b). 

APPLICATION 

This  theoretical  model  and  method  of  calculations  allow  to  determine  the  noise  reduction  of 
various  designs  of  the  flexible  screen.  The  calculations  of  certain  constructions  based  on  this 
method  were  performed  to  determinate  optimal  parameters  of  the  barriers  with  the  given  sizes  and 
flexibility.  The  dependence  of  the  noise  reduction  on  number  of  plates,  their  thickness,  rubber 
thickness  and  frequency  range  was  found. 

This  method  was  used  for  designing  a  variety  of  flexible  noise  reducing  barriers  for  printing 
machines.  It  also  can  be  used  for  any  other  machines  corresponding  to  described  limitations  of 
sizes  and  noise  bandwidth. 
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ABSTRACT 

The  object  of  this  paper  is  to  provide  a  aethod  of  cost-benefit 
analysis  for  the  implanation  of  protection  aeasures  against  industrial 
noise* 

Protection  measures  against  noise  in  national  economy  are  aimed  at 
achieving  social  effects  in  preserving  the  workers'  health  and  qualifi¬ 
cation,  creation  of  favourable  environaent,  lowering  the  rate  of  trau¬ 
mas,  illnesses  and  drift  of  man  power  as  a  result  of  imfavourable  wor¬ 
king. 

Measures  taken  against  noise  give  zx>t  only  social  but  economic 
gains  as  well,  resulting  in  higher  labour  efficiency,  reduction  of  pri¬ 
me  cost  end  greater  profits* 

This  paper  is  based  on  the  research  work  of  O.A.Afonina  and  engi¬ 
neer  N.V.Dalmatova  at  the  Moscow  Aviation  Institute  (MAI)  under  the 
supervision  of  Professor,  Candidate  of  Science  (economics)  Afonina  0*A. 

INTRODUCTION 

When  the  method  of  economic  evaluation  of  industrial  noise  silen¬ 
cers  become  a  realistic  possibility,  the  loss  of  value  in  our  society 
from  indxtstrial  noise  can  be  considerably  reduced* 

The  data  presented  by  the  Ministry  of  Health  show  that  almost  1*8 
million  people  including  180.000  woman  have  been  working  under  conditi¬ 
ons  exceeding  the  normal  noise  level;  495.000  people  including  394*000 
woman  were  subjected  to  excessive  vibration*  According  to  the  registe¬ 
red  morbidity  data  most  frequent  illnesses  are  caused  by  physical  fac¬ 
tors  (illness  due  to  vibxation  21,6%,  aural  neuritis  -  8*7%). 

The  approximate  values  of  specific  economic  losses  caused  by  vib¬ 
ration  affecting  one  worker  in  machine  building  industry  reach  10*500 
roubles,  idiereas  impaired  hearing  results  in  10*000  losses. 

Expected  costs  inus  expected  benefits  give  the  ncpected  value  of 
social  and  economic  effects  for  each  year*  the  life  and  health  compo¬ 
nent  and  rouble  component  of  the  net  result  are  kept  separate  throu^- 
out  the  evaluation* 

These  figures  lAow  that  a  method  of  social  and  economic  evaluation 
of  industrial  noise  silencers  is  of  utmost  importance* 


ECONOMIC  EVALUATION  OP  JET  NOISE  SILENCERS 


Being  an  externally  isolated  disjoined  constructive  part  of  indus¬ 
trial  buildings,  jet  noise  silencers  have  a  specially  designed  objective 
and  are  independent  operating  structures. 

Among  such  conceptiozis  as  means  of  labour,  objects  of  labour  and 
labour  Itself,  noise  silencers  represent  means  of  labour  which  determine 
the  physical  conditions  of  the  industrial  process  and  increase  the  ef¬ 
ficiency  of  production. 

Depending  on  the  function  and  terms  of  operation  jet  noise  silen¬ 
cers  are  the  major  effective  means  of  the  enterprise  and  therefore  re¬ 
quire  capital  investments. 

The  reproduction  of  noise  silencers  is  accomplished  as  the  repro¬ 
duction  of  the  main  funds,  as  the  process  of  capital  construction  and 
principal  investments.  Consequently  the  implementation  of  noise  silen¬ 
cers  should  be  planned  and  properly  financed. 

Cost  accounting  should  be  carried  out  for  the  noise  silencer  it¬ 
self,  for  its  operation,  its  effective  use  over  the  whole  cycle  of  tech¬ 
nical,  economic  and  social  indices  which  include  the  preservation  of  the 
worker's  life,  his  health  and  qualification  the  lowering  of  trauma  and 
illnesses  rate  as  well  as  the  drift  of  man  power  as  a  result  of  bad  wor¬ 
king  conditions. 

The  social  aspect  of  efficiency  is  closely  connected  with  economi¬ 
cal  effectiveness  of  noise  silencers  application  which  can  be  quantita¬ 
tively  estimated. 

Noise  silencers  being  elements  of  modem  engineering  comprise  part 
of  the  major  active  means  of  labour,  for  they  are  constantly  updated, 
renovated  and  advancing  at  a  rapid  rate.  Hence  their  essential  likeness 
to  machines  and  equipment. 

Noise  silencers  are  expensive  structures,  for  example,  the  expendi¬ 
tures  at  test  stations  amount  to  45  -  5055  of  their  general  cost. 

Noise  silencers  have  their  individual  functions,  definite  service 
life,  specific  ways  of  mounting  which  must  be  done  by  special  organiza¬ 
tions. 

They  are  by  no  means  passive,  taking  an  active  part  in  the  indus¬ 
trial  process,  affecting  the  efficiency  of  labour,  the  volume  of  produc¬ 
tion,  lowering  its  prime  cost  and  improving  its  quality. 

The  order  and  formulas  of  calculation 


The  order  of  calculating  social  and  economic  effectiveness  is  as 
follows! 

•  Formulation  of  a  particular  problem  for  indT.jitrial  noise  reduction  and 
vibration. 

•  Definition  of  social  factors. 

•  Determination  of  capital  investments. 

•  Calculation  of  current  expenses  for  a  year, 

•  Calculation  of  economic  effects  resulting  from  the  implementation  of 
noise  protection  measures, 

•  Calculation  of  the  level  of  economic  effectiveness  as  a  ratio  of  eco¬ 
nomic  effects  with  respet  to  capital  investments. 

The  following  foimulas  may  be  suggested  for  calculating  social  and  eco¬ 
nomic  effects  due  to  the  reduction  of  industrial  noise  and  vibration. 
Yearly  economic, ..efficiency  of  production  costs  due  to  preventing 
industrial  traumas  is  the  following, 

=  1,5  D  V/,  (1) 


where  D  -  losses  of  working  time  because  of  traumas  and  loss  of  capacity 
for  work  for  a  day,  for  more  days  for  the  current  year,  in  roubles; 

W  -  an  average  daily  wage  of  one  worker,  in  roubles, 

,  Yearly  economical  efficiency  of  production  costs  due  to  illnesses 
('Jill)  created  by  unfavourable  working  conditions  Is 


0.25(Ly  -  Lp), 


(2) 
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where  1  ,  L  -  value  of  economic  losses  due  to  general  incapacity  for 
work,  virtual  and  planned  in  roubles. 

Yearly  economical  efficiency  due  to  the  reduction  of  production 
costs  created  by  decreasing  drift  (3^)  of  man  power  is 

3^^  »  8000  H,  (3) 

where  8000  is  the  average  value  of  losses  due  to  one  worker  drifting  a 
year,  in  roubles; 

N  -  the  number  of  workers  drifting  due  to  unfavourable  working  condi¬ 
tions  (industrial  noise  and  vibration)  expressed  in  number  of  men. 

Yearly  economical  efficiency  of  the  wage  (3  )  fund  due  to  the  re¬ 
duction  of  leave  terms  of  abollc^ing  leaves  is 

where  W  -  the  average  wage  of  one  work  a  day,  in  roubles; 

4vi  4_  -  the  nianber  of  workers  having  additional  leave  due  to  higher 
noise^and  vibration  level,  virtual  and  planned,  expressed  in  number  of 
men; 

D  ,  D  -  the  average  duration  of  an  additional  leave  for  one  worker  hav- 
iiig  tne  right  for  it  due  to  noise  and  vibration,  virtual  and  planned,  in 
days. 

Analogous  formulas  can  be  suggested  to  determine  the  yearly  econo¬ 
mical  efficiency  as  a  result  of  payment  reduction  for  compensation  be¬ 
cause  of  the  decrease  or  annulment  of  higher  tariff  scale  and  shorter 
working  day. 

f^pected  economic  losses  due  to  professional  illnesses  (L)  of 
special  character 


Lgc  =  L«  N*  (5) 

v/here  L*  -  is  specific  professional  losses  due  to  certain  illnesses  de¬ 
pending  on  the  type  of  production,  in  roubles; 

H'  -  is  the  number  of  workers  suffering  from  these  professional  illness¬ 
es  -  expressed  in  number  of  men. 

Yearly  economical  efficiency  of  production  costs  due  to  fewer  wor¬ 
kers  requiring  training  for  a  new  profession  because  of  noise  and  vibra¬ 
tion,  expressed  in  number  of  men, 

•3pr  “  “^c’ 

where  Q  -  an  average  costs  for  new  professional  training,  in  roubles; 

4.  -  the  number  of  workers  vd-lling  to  acquire  a  new  profession,  expres¬ 
sed  in  men. 

There  are  many  other  formulas  for  calculating  social  and  economic 
effects.  Global  social  and  economic  effects  (expected  economic  losses) 
may  be  determined  as  a  sum  of  above-mentioned  indices. 

CONCLUSIONS 

The  maaor  conclusion  is  that  the  authors  recommend  to  follow  the 
sequence  and  method  of  calculation  of  social  and  economic  effectiveness 
according  to  the  suggested  formulas  as  they  have  been  checked  up  in 
practical  work, 
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ABSTRACT 

Exterior  facades  have  a  great  influence  or.  the  noise  transfer  inside 
buildings.  The  aim  of  this  paper  is  present  and  the  spectral  analysis  of 
the  noise  inside  and  outside  the  building  and  also  to  highlight  the 
influence  of  a  certain  kind  of  facade  treatment,  usually  used  as  sun 
protection  devices,  which  is  the  vertical  louvers. 

INTRODUCTION 


4 


A  previous  paper  [1]  reviewed  different  viewpoints  of  researchers 
[2, 3, 4, 5, 6, 7, 8] ,  and  the  results  concerning  the  effect  of  facades  in  noise 
control  problems.  The  correlation  between  different  arch-itectural 
treatments  in  the  buildings'  facades  and  the  road  traffic  noise  level  was 
also  presented  [1].  That  study  was  conducted  on  El  Horreya  Avenue,  the 
main  artery  in  the  city  of  Alexandria,  which  runs  through  nearly  30%  of 
this  linear  city.  The  facades  chosen  were  simple,  solid  and  void;  a 
french  window  overlooking  a  balcony,  a  loggia,  windows  with  vertical 
louvers,  glass  cladding,  glazed  aluminum  framed  facade  and  a  window  not 
parallel  to  the  main  road  ana  others.  In  this  paper  the  spectral  analysis 
of  the  noise  inside  and  outside  the  building  is  presented. 

SITE  DESCRIPTION  AND  MEASUREMENTS 

Three  sites  out  of  the  ten  previous  sites  were  chosen.  They  occupied 
the  second  floor  of  three  different  buildings  (Figure  1).  Site  (1)  is  a 
window  provided  with  a  rolling  shutter,  existing  in  a  facade  making  30 
degrees  with  the  road.  The  facade  has  facing  bricks  in  the  solid  part, 
while  the  sill  beneath  the  void  has  a  plaster  finish.  Site  !2)  has  three 
windows  with  rolling  shutters,,  separated  by  vertical  concrete  louvres. 
Each  window  consists  of  two  parts,  the  lower  being  fixed.  Site  (3)  is  a 
typical,  solid  of  void,  facade  with  a  wooden  framed  window.  The 
measurements  were  carried  out  simultaneously  on  two  points  in  each  site 
using  in  each  point  a  precise  SLH  and  a  tape  recorder.  The  first  point 
lies  outside  the  window  on  the  sill,,  fixing  a  height  of  0.90  m,  while  the 
second  point  lies  inside  the  room  maintaining  the  same  height  and  at  a 
perpendicular  distance  of  1.40  m  from  the  windows.  The  two  points  lie  o.n 
the  center  line  of  the  window. 
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RESULTS  AND  DISCUSSION 

1.  The  three  spectra  of  the  outside  traffic  noise  in  the  sites 

(Figure  2)  show  the  same  tendency  or  shape.  The  peak  value  is 

concentrated  between  the  range  500  Hz  and  1600  Hz. 

2. -  The  reduction  inside  in  site  (1)  and  site  (2)  is  greatest  at  800  and 

1250  Hz;  also  in  site  (3)  the  reduction  is  significant  from  band  800 
till  1250  Hz,  but  at  2500  the  reduction  is  little. 


Table  (1) 
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3.  In  site  (1)  at  500  Hz  there  is  a  peak  inside;  it  could  be  due  to  its 
architectural  treatment  as  seen  from  Figure  (1). 

4.  From  Figure  (2)  and  site  (3)  we  can  observe  that  there  is  a 

considerable  attenuation  from  the  frequency  component  below  2  KHz, 
while  above  2  KHz  there  are  some  peaks  in  the  spectrum  which  may  be 
due  to  its  being  a  simple  solid  void,  without  any  architectural 
treatment.  The  window  is  directly  facing  the  road.  Also,  from 
Table  (1)  we  can  observe  that  this  site  possesses  the  highest  values 
for  both  outside  and  inside  measurements,  84  dbA,  61.3  dbA, 

respectively,  for  the  same  reason  mentioned  above  . 

5.  From  Table  (1),  site  (1)  is  showing  the  highest  .e^Leq .  This  is  due 
to  the  window  being  not  parallel  to  the  road  and  which  causes  an 
inclined  incidence  of  the  acoustic  wave  and  results  in  a  minimum 
transmission  from  outside  to  inside.  The  results  obtained  are  still 
in  good  agreement  with  those  in  fl]  . 

6.  In  site  (2)  the  path  difference  between  the  directly  incident  wave 

and  the  other  waves  reflected  from  the  vertical  louvres  at  A  and  B 
are  comparable  to  the  value  of  A/2  in  the  band  from  300-100C  Hz 

(  A=  c/f;  where 

A  =  wave  length; 

c  =  velocity  of  sound  and 

f  =  frequency;  i.e.  A=  340/800  or  340/1000); 

i.e.  A/2  =  17  &  21  cm,  respectively.  This  may  help  in  explaining 

the  great  value  of  attenuation  for  these  frequencies  as  shown  in 

Figure  (2),  site  (2). 

Conclusion 

1.  The  architect  should  be  supplied  with  accurate  .measurement  of  the 

traffic  noise  in  the  road,,  especially  main  arteries,  before  designing 
his  building. 

2.  Architects,  when  possible,  could  orient  their  windows  so  as  not  to  be 

parallel  to  the  road,  as  this  causes  a  loss  in  the  transmitted  noise 

from  outside  to  inside. 

3.  The  simple,  solid  and  void  reduces  the  effectively  transmitted 

acoustic  wave  inside  the  building. 

4.  The  different  dimensions  of  the  vertical  louvres  chosen  for  a  certain 
window  should  not  only  depend  on  solar  angles  to  give  tine  best  solar 
protection,  but  it  could  be  designed  as  an  element  which  could  give  a 
sufficient  av.tenuarion  to  traffic  noise  in  interiors.  This  could  be 
achieved  if  the  difference  between  the  length  A,Y.  and  XY  of  Figure  (3) 
is  in  the  range  from  17  to  21  cm. 

5.  The  variation  in  the  value  of  the  transmission  loss  at  different 
frequencies  from  outside  to  inside  may  help  in  explaining  the 


reaction  of  the  inhabitants  due  to  the  road  traffic  noise.  This  may 
be  thoroughly  explained  by  correlating  subjective  measurement  with 
objective  results. 
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ABSTRACT 

There  considered  the  probleas  of  noise  radiation  decrease  by  the  engine  laaellar 
elements  such  as  driving  pulleys,  casings,  thermo-protective  shields,  thin-walled  case 
elements.  For  radiation  coefficient  decrease  of  such  elements  it  is  offered  their 
perforation  that  brings  to  the  radiator  transformation  of  the  monopole  type  (e.g. 
air-cleaner  covers)  into  the  radiator  of  tite  dipole  type.  For  plates,  radiating  sound 
with  both  sides,  the  perforation  brings  to  the  decrease  of  the  equivalent  moment  of 
the  dipole  radiators.  It  is  also  considered  (at  the  example  of  the  belt  driving 
pulley)  the  possibility  of  radiator  transformation  of  dipole  type  into  the  quadripole 
radiators  by  the  way  of  the  acoustic  mirror  set  near  them. 

The  necessary  perforation  degree  and  hole  situation  are  defined  from  the 
conditionh  of  the  minimum  influence  on  the  main  function  of  the  radiating  sound 
elements  (thermo-insulation,  sound-insulation,protection  from  dirt,  torque  transfer 
and  so  on).  There  given  some  examples  of  the  suggested  method  realization  in  the  car 
engines. 

INTRODUCTION 

Noise  decrease  problem  of  the  internal  combustion  engines  as  the  main  source  of 
the  environment  noise  pollution  by  the  transport  means  and  energetic  settings 
continues  to  be  actual  in  the  conclussive  ten-day  period  of  the  20-th  century.  The 
successes  in  the  field  of  noise  decrease,  reached  by  the  researchers,  designers  and 
producers  at  present  are  though  impressive  enou^,  however  the  intensive  satiation  of 


the  planet,  that  contimiee,  on  by  the  transport  aeans  doesn't  allow  to  tedse  down  this 
problea  fiva  the  agenda  and  puts  it  into  the  category  of  the  iaaediate  and  urgent 
ones. 


The  traditional  methods  of  structure  noise  decrease  of  the  internal  coabustion 
engines  based  on  the  aechanical  iapedance  increase  and  effective  vibro-insulation  and 
vibro-daaping  application  of  the  case  parte  evidently  are  eidiausted  at  the  aost  with 
the  possibilities  of  the  technological,  resource  and  cost  nature. 

In  the  article  there  given  atteapts  to  research  the  poBsibilities  of  internal 
coabustion  engine  structure  noise  decrease  owing  to  the  control  sound  radiation 
coefficients  by  the  engine  separate  case  parts  tdiich  play  an  important  role  in  the 
forming  of  its  sound  field.  To  such  engine  parts  were  related:  a  crankshaft  pulley, 
pulleys  of  the  engine  auxiliary  units,  an  air-cleaner  cover,  a  drive  case  of  the 
gas-distributive  aecbanisa,  a  fan  (ventilator)  casing  of  the  cooling  system,  a 
carburattor  thermo-insulated  shield. 

TOK  WATS  OF  008RCI0H  ON  RADIATION  00SFFICI8NTS 

Mounting  conditions  of  all  the  elements  given  abore  on  the  engine  and  their 
dynamic  conduct  in  the  working  process  allow,  to  the  definite  degree  of  approximation, 
to  approbate  them  by  classic  sound  radiators,  monopoles,  dipoles,  quadripoles  and 
plane  wave  radiators  with  the  control  possibilities  well  enough  by  this  radiation  by 
tho  way  of: 

-  radiator  scale  decrease  (radiator  characteristic  dimension); 

-  transference  in  the  source  of  a  hi^er  order  (monopole  into  dipole,  dipole  into 
quadripole  and  so  on); 

-  change  of  the  external  load  on  the  eoiu-ce  (neeurly  situated  rigid  or  soft 
walls). 


IAMKIjLAR  RADIATOR  PERFORATION 


The  well-known  mean  of  sound  radiation  decrease  by  the  oscillated  plates  is  their 
perforation,  bringing  to  sound  pressure  alignment  on  its  oppo.site  sides  and  radiation 
decrease.  The  more  plane  perforation  degree,  the  less  sound  radiation  at  identical 
plane  oscillation  amplitudes.  However,  in  real  constructions  lamellar  element  use  with 
high  degree  of  perforation  is  not  always  possible  because  of  the  breach  of  direct 
functional  purpose  of  these  elements,  for  example,  becaone  of  the  possibility  of 
outside  things  getting  under  the  caning, because  of  the  loss  of  necessary  durable  and 
rigid  characteristics  and  no  on,  and  also  because  of  the  increase  of  direct  sound 
radiation  from  the  volumes  for  which  these  plates  fulfil  the  role  of  sound  Insulated 
screens.  In  these  coses  oome  problems  of  the  definition  of  perforation  minimum  degree 
and  hole  situation  arise  which  provide  with  the  necessary  noise  decrease  that  is 
radiated  by  the  plate. 


For  the  appreciation  or  radiator  acoustic  characteristics  of  the  laiivllar  type  is 
utwjd  a  simplified  mode]  like  an  endless  plate,  performing  bended  oscillations  (fig.l). 
For  the  estimation  of  plate  perforation  influence  on  the  sound  radiation  by  it  an 
equivalent  electrica  ..  ■‘’'".me  [11  is  used  which  is  given  in  fig.l.  In  this  conductivity 
scheme  Y  is  defined  hy  i.;,c  rvjuacion 
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is  the  aalltude  of  plate  bended  oecillations  at  the  point  of  i-hole 
situation; 

is  rated  acoustic  resistance  of  the  hole  on  ; 
is  aean  square  Meaning  of  vibro-displacenent  anplitude; 
is  plate  area. 


Sound  radiation  decrease  is  estimated  according  to  the  equation: 

iL-20lg|^|=20/g|(^y(Zrt+z,)| 


(  2  ) 


absence  of  the  mil  near  the  oscillated  plate; 
at  the  presence  a  mil  (at  the  distance  of  h  <iC^  ); 

Ky2  ^  '^ve  nwber  of  the  plate  bended  oscillations. 

the  efficiency  of  the  holes  at  the  presence  of  the  mle.as  a  rule,  is  hi^»r  than 
at  the  radiation  into  the  unlimited  space  [2,3],  As  an  example,  illustrating  bole 
application  efficiency  for  the  radiation  decrease  of  the  vibrating  plates  in  fig.2  are 
given  noise  spectra  in  the  soundinsulated  casing  zone  at  the  diesel  engine  work, 
coveted  with  entire  and  perforated  sound -insulated  casing  of  gas-distribution 
mechanism. 

In  fig.3  sound  suppression  efficiency  is  illustrated,  (Aich  is  radiated  by  the 
vibrating  cover  of  the  engine  air-cleaner.  In  spite  of  the  fact  that  the  cover 
perforation  Iqr  two  holes  with  5  ■■  diameter  brings  to  the  partial  unbermetization  of 
the  air-cleaner~muffler  chamber,  the  optimum  disposition  and  minimimi  holes  dimensions 
provide  with  sufficient  obstruction  to  the  air-  sound  radiation  from  the  chamber  at 
the  efficient  suppression  of  low  frequency  sound,  directly  generated  by  the  cover  f4]. 
The  measuring  microihone  is  situated  opposite  the  openings  of  the  airc  leaner 
perforated  cover  and  thus  measured  air-noise  radiation  from  the  air-cleaner  chamber. 

The  applied  at  the  car  engines  thermo-insulated  screens  of  the  carburattor  in  the 
sight  of  cantileverly  fastened  steel  plate  can  also  make  a  valuable  contribution  to 
the  engine  sound  field.  Kspecially  it  refers  to  the  resonance  radiation  conditions 
of  these  screens.  In  this  caso  the  perforation  of  the  screen  cantilever  section  by  5 
holes  with  5  am  diameter  which  were  situated  at  the  distances  of  30... 50  mm  from  the 
screen  free  edge  allowed  to  decrease  total  noise  levels  in  the  screen  zone  up  to  2  dBA 
[5].  Such  insignificant  screen  perforation  did  not  make  worse  direct  thermo- insulated 
screen  functions. 


1467 


% 

I 

I 


I  NOISS  OBCRKASE  FROM  1HB  VIBSATIHG  FUIUYS 
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I  Holes  fulfilaent  In  Uie  rotating  flat  parts  such  as  belt  and  chain  drive  pulleys, 

f  toothed  wheel  and  sone  others  provide  with  hi^  degree  of  noise  radiaticm  decrease, 

\  and  in  particular,  in  the  drive  pulley  of  the  internal  coabustlon  engine  crankshaft, 

I  which  is  often  known  as  one  of  the  ctrongest  radiators  of  internal  coahustion  engine 

I  noise. 

For  estiaation  noise  radiation  decrease  by  the  pulley  at  the  fulfilling  holes  in 
I  it  was  approbated  by  the  dipole  radiator  with  dipole  aoaent  B  ,  propoticmal  to  the 

I  oscillation  aean-square  velocity  of  the  points  of  its  surface  V,  pulley  area  S  and 

I  radiator  characteristic  diaension  L  {  B*’VeS*L  )  value  L  was  taken  eqnal  to  the  aean 

!  way  (diere  pressure  alignaent  between  points  on  the  opposite  surfaces  of  the  oscillated 

I  pulley  takes  place.  Ihe  hole  presence  in  the  pulley  (  L  decrease)  brings  to  quicker 

!  pressure  alignaent  on  the  pulley  opposite  sides  and  to  radiation  decrease,  propotinMd 

!  .  At  large  holes  doing  the  suppleaentary  effect  is  got  owing  to  radiator  S  surface 

I  decrease.  Carried  out  researches  showed  that  it's  quite  enou^  to  perforate  the 

i  crankshaft  pulley  of  VAZ  engine  by  six  holes  with  2  aa  diaaetor  idiich  are  evenly 

I  situated  on  the  circiaiference,  disposed  between  the  hub  external  diaaeter  and  pulley 

I  outward  diaaeter. 

I 

I 

i 

I  Kith  this  total  level  of  sound  radiation  in  the  pulley  zone  (by  0,1  a  froa  the 

I  disk  surface)  decreases  in  3  dBA.  Here  it  is  necessary  to  note,  that  the  fulfilaent  of 

I  the  6  holes  with  2  tm  diaaeter  brings  in  the  concrete  case  to  decrease  of  the 

I  radiation  area  only  by  0,23X.  The  experiaents,  carried  out  with  the  pulleys  froa 

j  different  aaterials  (cast  iron,  steel,polyaaid)  and  with  different  thickness  of  the 

;  pulley  disk  (3  as  and  10  as)  showd:  perforation  diaaeter  influenes  substantially  on 

I  the  noise  suffling  aagnitude.  the  presence  of  6  boles  with  8  m  diaaeter  on  the  pulley 

j  ensured  the  greatest  effect  till  4  dBA  (fig.4).  Kztreae  increase  of  the  hole  diaaeter 

brings  to  noise  nuffling  efficiency  loss,  evidently,  because  of  the  bended  rigidity 
I  decrease  of  the  pulley  constructiem  and  the  corresponding  growth  of  vibration  level  of 

j  the  pulley  construction  separate  eleaents. 

The  greatest  acoustic  effect  was  received  at  the  pulley  use  of  gpoke 
I  construction,  realizing  “the  effect  of  big  hole"  [6,7].  The  pulley  application  of  the 

spedu  c(Histrueti(Hi  allows  in  the  coaparison  with  the  serial  variant  of  the  pulley 
construction  without  boles  in  the  disa  to  get  a  sidatantial  acoustic  effect  (fig.5). 
i  Thus,  the  radiation  in  the  jpulley  zone  in  the  frequency  range  1000-2000  Hz  decreases 

I  by  15  dB,  total  level-  by  7  dBA,  and  total  level  of  the  external  noise  of  car»-VAZ-by 

j  1-1,5  (^.  Sound  radiation  from  the  pulley  eleaents  with  hi^  level  of 

I  vibro-veiocities  can  be  suppressed  by  introduction  in  then  eaall  openings, 

diaseabering  then,  in  their  turn,  on  eaaller  radiators  of  dipole  type  [6].  As  the 
i  researches  have  shown,  the  fulfilaent  of  5  holes  with  6  an  diaaeter  in  the  pulley  ria 

{  of  the  spoke  construction  allowed  suppleaentary  to  decrease  total  level  in  tbs  pulley 

>  zone  till  2  dBA  (fig.6). 


In  a  nunber  of  cases  decrease  effect  of  the  radiated  by  the  pulley  noise,  reached 
fay  the  perforation  of  its  aain  radiating  eleaents  any  appsar  not  to  he  sufficient.  In 
the  connection  with  this  it  nay  arise  the  necessi^  of  suppleaentary  nsaaure 
application  on  suppression  of  ths  pulley  intensive  noise  radiation.  Tbs  poasibili^  of 
providing  with  noise  decreased  radiation  by  its  aore  rational  arrangiiw  on  ths  — yt— 
locAs  very  attreotively. 
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ACOUSTIC  MIRROR  USR 


Tbe  suppleaentary  and  hiiibl?  effective  aean  of  decrease  of  eleaent  aeasure 
coefficient  of  the  oscillating  pulley  type  is  acoustic  nirror  use  as  a  nearly  situated 
rigid  reflecting  plate  C9].  In  the  quality  of  such  it  can  be  used  a  casing  of 
gas'distribution  drive  aechaniaa,  situated  at  the  corresponding  distance  frea  the  side 
surface  of  the  pulley  disk  and  partially  copying  its  contour  [12].  There  can  be  used 
also  in  the  quality  of  reflecting  surfaces  separate  eleaents  of  tbe  aotor-coapartaent 
(e.g.  wheel  splash  devices  settings  at  the  diaaetrical  disposition  of  the  engine  in 
the  Botur-coapartaent).  It's  not  excluded  tbe  application  of  specially  aounted  plates, 
situaled  near  the  pulley  side  surface  as  froa  the  engine  side  so  well  from  the 
aotor-coapartaent  side. 

The  thoorotical  preconditions  of  practical  use  nearly  situated  sound  ref lectiivt 
wall  of  the  acoustic  airror  by  the  vertical  dipole  are  considered  by  X.  Skuchik  [10]. 
If  we  consider  the  pulley  as  a  dipole  type  radiator,  it  is  useful  to  draw  nearer 
aaxiaiw  it  to  the  rigid  reflecting  surfaces  for  the  decrease  of  its  radiation.  It  is 
known,  that  dipole  radiatlon,situated  by  the  absolutely  rigid  wall  is  alaost  coapetely 
ctaqansated  by  the  radiation  of  its  iaaginary  picture  [11]. 


Tbe  real  wall  on  the  constructive  considerations  cannot  be  endlesly  approached  to 
the  rotating  vibrating  disk.  Besides,  it  partially  absorbs  sound  and  changes  tbe 
reflected  wave  phase.  Dipole  aoving  off  influence  froa  the  ideal  wall  on  its  radiation 
is  enou^  considered  upon  in  details  in  [10],  function  F(kd/2)  characterises 
the  change  of  sound  power  N,  radiated  by  the  dipole  into  the  seai-spbere  in  coaparison 
wiUi  the  power  0,5  N_  -  radiated  Iqr  it  in  the  aoae  seai-spbere  at  the  wall  absence 
(  fig.7,  curve  1  )  ^ 


^-^’cos2y-(^~^jsin2y 


(  3  > 


idiere  d/2  is  distance  froa  tbe  wall  to  the  dipole. 


For  nail  (  kd/2  }  when  the  wall  influence  mdistantially  influences  upon  the 
radiation,  function  F(y)  is  well  approbated  by  the  dependence 


The  real  reflecting  wall  in  contrast  to  the  ideal  one  poeseases  aoae  abaorbtion 
ud  resility,  that  brims  to  tbs  appearance  of  tbe  suppleaentary  unequilifaratioo  of 
tbe  real  dipole  to  be  iaaginary.  (bisquilibrated  radiation  bears  also  tbe  dipole  nature 
and  brims  in  tba  auppleaentary  contribution  in  tba  radiation  of  tbe  reflection 
unideality  on  tbe  radiation  of  tbe  aystaa  to  be  coneiderad  upon. 

Dipole  radiation  change »  brou^t  in  by  an  unideal  wall,  can  be  estiaated 
accordim  to  tba  fomila  [9]. 


{  5  ) 
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VOwFe  r  and  If  am  ccrrespondlngly  Modulus  and  phase  of  the  radiation  coefficient 
of  the  Hall.  The  second  SMber  of  this  equation  takes  into  account  the  reflection 
unideality.  The  dependence  nature  of  the  radiated  power  froa  and  is  Illustrated 
in  fig.  7.  Ihe  possibility  of  noise  decrease  as  a  radiator  of  dipole  type  with  the 
help  of  the  radiated  wall  was  experinentally  researched  and  realized  at  one  of  the 
Model  of  the  oar  engine  at  the  Volga  Autoaobile  Plant.  The  efficiency  of  the  suggested 
Method  la  Illustrated  in  fig.8,  where  the  ccMparative  characteristics  of  radiation  are 
given  as  1/3  octave  spectra  of  noise  levels,  tdiich  are  reglstrated  in  the  pulley  zone 
with  a  reflecting  wall,  disposed  at  the  distance  d/2  =  40  ms  froM  the  pulley  and 
its  approxlMation  to  the  pulley  (d/2  =  2  mm). 

Hi^ly  attractive  seeMS  an  idea  of  the  acoustic  Mirror  using  as  nearly  situated 
regid  sound  reflecting  screens  in  the  input  zone  into  teeth  engageMsnt  of  the  teeth  of 
driving  and  driven  pulleys  and  teeth  of  the  belt  of  gas-distribution  MechanisM 
drive, as  it  was  settled  In  the  wori(  [133  Main  sound  radiation  is  forged  in  the 
engageMsnt  zone,  the  dlMensions  of  this  zone  don't  exceed  2... 5  cm  and  the  very 
radiation  presents  radiation  of  dipole  type.  In  this  connection  there  are  no 
particular  technical  pfobleMS  in  using  different  screening  eleawnts  of  sMall 
diMenslona  to  be  situated  opposite  these  zones  at  the  equal  distanae  to  the  beet 
external  surface  at  the  distance  not  exceeding  0,03  Di,  td>ere  D1  is  dlaaeter  of  the 
corresponding  pulley.  Ibe  screen  eleMent  area  with  this  Must  be  not  less  0,6  of  the 
radiation  xoae  area  to  be  forMed  with  the  section  of  the  belt  and  pulley  tooth 
engageaent.  United  by  tbs  central  angle,  equal  to  10  with  the  bisector,  passing 
throu^  the  Initial  point  of  the  grasp  arc  an  elenent  of  the  corresponding  acoustic 
Mirror  can  appear  the  section  of  the  sound-insulated  casing  of  gasdistribution 
nechanisM  drive,  the  geoMtry  of  which  is  specially  designed  in  accordance  with  the 
recoanendatlons,  given  abore.  It  is  necessary  also  to  add  that  in  the  citing  work  it 
is  noticed  [13]  a  hi^ly  efficient  Method  (up  to  20  <iHA)  of  noise  radiation 
supi««ssion  of  the  toothed-belt  drives  for  the  sake  of  the  very  driving  belt 
perforation  tdiich  represents  a  typical  radiator  of  dipole  type. 
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Fig.l.  Endless  plate  and  equivalent  electrical  scheme  of 
sound  radiation  by  th#  plate. 


0,065  0,25  14  kHz 

Fig. 2.  1/5  octave  spectrum  of  noise  levels  at  0,1  m  from 

drive  casing  surface  of  VAZ  diesel  engine  (V.  =1500  cm' 

-1  “ 

Full  load,  n=5000  min  . 

1  -  drive  casing  (without  holes) 

2  -  perforated  casing  (with  6  holes,  6  mm) 


1  -  air-cleaner  cover  (witho¬ 

ut  holes) 

2  -  perforated  cover  (2  holes 

diameter  5  mm) 


0,065  0,25  1 


Fig. 5.  1/5  noise  octave  spectrum  at  0,1  m  from  the  surface 
of  VAZ  engine  air-cleaner  cover  (Vj^=1500  cm^). 

Full  load,  n=5600  min""* 
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SFL. 


1 

2 


kHz 


pulley  disk  is  without 
holes 

pulley  disk  Is  perforated 
(6  holes  diameter  Is  6  mm) 


Pig. 4.  1/3  noise  octave  spectrum  at  0,1  m  from  the  pulley 
disk  of  VAZ  engine  crankshaft.  Vj^=1600  cm^. 

Pull  load,  n=5000  mln“^ 


1  -  pulley  with  entire  disk, 

2  -  pulley  of  spoke  construc¬ 

tion 


kHz 


Pig. 5.  1/3  noise  octave  spectrum  at  0,1  m  from  the  pulley 
disk  of  VAZ  engine  crankshaft  (Vj^=1200  cm^). 

Pull  load,  n=5000  min"^ 


0,5  1  2  4 


1  -  pulley  of  spoke  con¬ 
struction  (serial), 

2  -  spoke  pulley  with  per¬ 
forated  rim,  5  holes, 
diameter  6  mm 


kHz 


Fig. 6.  1/3  octave  spectrum  of  noise 
the  pulley  rim  of  VAZ  engine 
Pull  load,  ns5000  min”'' 


radiation  at  0,1  m  from 
crankshaft  (Vj^^sISOO  cm^). 
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Dipole  radiation  near  the  reflecting  wall. 


1  ....  r=1 ,  =0 ; 

2  ....  r=0,7»  =0; 

3  ....  r=1,  y  =30. 


1  -  sound  reflecting  wall 
at  40  mm  from  the  pulley 
disk; 

2  -  sound-reflecting  wall  at 
2  mm  from  the  pulley  disk. 


kHz 


Fig. 8.  1/3  octave  spectrum  of  noise  radiation  at  0,1  m  from  the 
pulley  disk  of  VAZ  engine  crankshaft  (Vj^=l300  cm^). 

The  pulley  with  entire  disk.  Full  load,  n=5000  min”^. 
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ABSTRACT 

A  critical  cxaminatian  of  the  Boundary  Sement  Method  (BBM)  applied  to  the  numerical 
solution  of  acoustic  radiation  problems  governed  by  Hdmhdtf  s  eqpition  is  the  subject  of  this 
paper.  A  detailed  literature  survey  on  the  application  of  the  BBM  to  the  radiation  problems 
concerning  both  the  exterior  and  interior  unions  is  presented  A  fimnulatkn  directed  to  the 
particular  application  of  noise  generation  inside  motor  vehicle  passenger  compartments  is 
developed  The  solution  of  the  i^lem  is  iUustrated  on  the  clasncal  pi&lem  of  a  uniformly 
pulsating  sphere. 

nriRODucnoN 

The  predktkin  of  the  acoustic  field  due  to  arbitrarily  shaped  structures  is  an  important 
research  area  in  many  disc^linea  This  topic  has  a  variety  of  applications  especially,  in  aeroqmce 
engineering  and  automotive  engineering  fields  in  determining  the  interior  noise  levels  of  aircraft 
and  ground  vehidea 


Fa*  the  sdution  of  the  problem  several  different  methods  have  been  used  so  for,  use  of  the 
finite  element  method  statistical  energy  analgia  and  boundary  element  method  (BBM)  with 
Integral  formulations  being  the  most  prominent  Eadi  method  has  its  advantages  and  dravbacks 
depending  on  the  particular  application  in  hand 

In  this  paper,  a  formulatlm  directed  to  the  prediction  of  noise  generation  inside  motor 
vehicle  passenger  compartments  i'i  introduced  and  a  study  of  the  boundary  element  method  for  the 
solution  of  the  interior  acoustic  pr  oblems  governed  by  the  Helmholtz  ermtfon  is  presented  The 
ultimate  aim  of  the  study  is  to  ^oduce  a  computational  tod  to  be  used  in  the  prwiction  of  the 
acoustical  characteristics  for  a  vehicle  structure  for  which  the  in-vacuo  vforation  characteristics 
are  available: 

SURVEY  or  PREVIOUS  WORK 

A  literature  surv^  on  the  integral  formulations  and  the  use  of  the  BSM  for  the  sdution  of 
radiation  problems  concerning  both  the  exterior  and  interior  regions  has  been  performed  and 
summarized  below. 

Classical  formulations  of  acoustic  radiation  from  vibrating  bodies  based  on  faitMral 
equations  started  in  early  196(ys .  In  these  worka  exterior  steaefy-state  acoustic  radiation  problem 
for  bodies  of  arbitrary  shape  was  investigated  Chen  and  Schweikert  ( 1)  deserftred  the  acoustic  fidd 
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by  a  diatrSmtlon  of  surftice  sources  of  unknown  strength  at  the  shell-fiuld  boundarleai  which  led 
to  a  set  of  integral  equationa  This  numerical  technique  Is  named  as  Simple  Source  Formulation 
(SSF)  In  which  the  acoustic  pressure  at  an  exterior  Head  point  is  representM  in  terms  of  a  sur&ce 
int^al  of  a  source  density  ftmetion.  Computational  results  were  given  Ibr  two  sample  problems: 
(1)  a  piston  set  in  a  rigid  sphere;  and  (2)  a  stilllmed  cylindrical  :d)dl  of  Unite  len^  in  water. 
Chertock  [2]  developed  a  numeric  me^od  utilizing  the  diseretized  Surbee  Helmholtz  Inte^wl 
Equation  (SHIB)  ibr  the  solution  of  radiation  problems  involving  surikees  of  revolutioa  Another 
approzimate  method  was  presented  by  WflUams  et  aL  (3]  in  whldi  the  ikrfleld  pressure  was 
approximated  tw  a  truncated  series  of  q>herieal  Hankd  fUnctiona  The  method  was  shown  to  be 
most  accurate  nr  radiating  suiikces  that  are  nearty  spherical  in  diapa  Copley  [4)  proposed  a 
method  applicable  to  radiation  surlkces  of  reyoluti«  utilizing  the  Interior  Helmholtz  Integral 

Equation  uHIE)^  All  three  types  of  integral  Ibrmtdations  ibr  obtaining  approodmate  solutions  of 
the  exterior  steady-state  acoustic  radiation  problem  ibr  an  arbitrary  surikee  were  discussed  by 
Sdienck  (S).  Schenck  proposed  a  Combined  Hdmholtz  Integral  Fbrmulatkn  (CHIEIO  to  overcome 
the  deilclmcies  and  computatianal  dilDculties  present  in  the  previous  worka  He  diowed  that  this 
ibrmulatian  yielded  uni^  soIutionB  even  at  the  diaracteristie  wave  numbers  fbr  whidi  the  other 
integral  equations  broke  down.  Meyer.  Bell,  and  Zinn  [6]  investigated  the  development  of  a 
procure  for  the  exterior  sound  radiatkn  prOblema  They  were  concerned  with  the  foUewing 
points;  (1)  the  development  of  a  numeric  scheme  ibr  handling  the  singular  integrands 
encountered  in  the  application  of  the  Helmholtz  formulae;  (2)  the  determination  of  the  most 
ellbctlve  procedure  for  handling  the  non-unkmeness  of  the  radiation  solution  at  eigenvalues  of  the 
associated  internal  acoustic  piwlem.  and  (3)  the  determination  of  the  accuracy  of  the  resulting 
sdutiona 

The  Boundary  Element  Method  (BEM)  became  popular  in  late  WlVn.  Kbopman  and  Benner 
[7]  presented  a  computational  method  based  on  Helinhdtz  intend  for  assessing  the  sound  power 
characteristics  of  madiinea  The  accuracy  of  the  method  was  demonstrated  by  calculating  the 
pressure  on  the  sur&ce  of  a  uniformly  pulsating  where  and  of  an  oscillating  sphere;  A  dear 
explanata  of  the  arolication  of  the  B^  to  exterm  sound  radiation  problems  was  given  by 
Seybert  et  al  (8).  The  B^  was  used  to  obtain  numerical  solutions  to  the  same  classical  radiation 
problema  They  introduced  an  Isoparametric  element  formulation  in  which  both  the  sur&ce 
geometry  and  the  acoustic  variables  on  the  sur&ce  of  the  rad&ting  body  were  rwresented  by 
quadratic  sh^  lUnctiona  Sdutions  to  the  problems  encountered  in  the  use  of  BEM  have  been 
suggested  by  P&azc^  [9]  and  Brod(  10].  Be^tly,  Wuetaljll)  described  a  B^  code  for  acoustic 
analysia  aloitf  with  the  process  of  vectorizing  and  paraUeUring  the  code  on  a  vector  parallel 
computer  ana  S^bert  Chen^  and  Wu  presented  an  approadi  to  the  solution  of  coupled 
intern/ exterior  acoustic  problems  using  the  B^  (1^ 

The  solution  of  the  interior  noise  Adds  of  cavities  having  arbitrary  shapes  by  using  BEM 
has  recently  received  much  interest  Bell,  M^er,  and  Zfam  (13)  presented  an  integru  solution  of 
the  Helmholtz  equatkm  for  predicting  acoustic  properties  of  arbitrarily  diapra  bodiea  They 
examined  two-dimensional  prwlems  of  a  cirde  and  recbmgle  together  with  a  duct  having  a  right- 
angle  bend.  Th^  also  investigated  the  acoustic  properties  of  a  sphere  using  on  axiiymmetric 
formu&tioa  A  master  plan  for  prediction  of  vehicle  interior  noise  was  su^ested  by  Dowell  (14). 
The  interior  noise  problem  was  presented  considering  noise  sources;  noise  elfocts  on  people  and 
pi^oads;  noise  reduction  concepta  noise  transmission  atudysii;  and  interior  acoustic  cavltiea  He 
examined  the  contributians  to  the  literature  on  this  subject  and  discussed  the  difforent  methods 
of  approadh  to  the  problem.  Sestieri  et  al  (IS)  discuserd  the  structural-acoustic  coupling  problem 
by  u^  the  BEM  for  interior  volumes  ha\^  complex  ihapea  Th^  investigated  the  impoitance  of 
coupling  and  readied  the  condusion  that  a  M  coupled  oiudy^  did  not  seem  to  be  Justified. 
Sqfoert  and  Cheng  (16)  concerned  with  the  amlication  of  the  BEM  to  interior  acoustics  problems 
governed  by  the  reduced  wave  (Hdmhoitz}  dlfltratial  equation.  They  applidi  the  BEM  formu&tion 
to  an  axiqmmetric  problem  at  whidi  the  sur&ce  integrw  could  be  reduced  to  line  integrals  along 
the  generator  of  the  cavity  and  to  integrals  over  the  angle  of  revohdioa  Therefore;  the  sur&ce  was 
disoetized  by  using  line  dementa  not  sur&ce  elements  and  onl^  the  generator  of  the  cavity 
needed  to  be  discretized.  Th^  illustrated  the  solution  for  the  acoustic  response  of  a  spherical 
cavity. 

Fyfe  (17)  discussed  the  application  of  the  BEM  to  predict  the  interior  acoustic  mode 
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frequencies  of  an  enclosed  medium.  He  used  a  non-rectangular  boK  and  an  automobile  model  to 
diow  the  accuracy  of  the  method  Cheng  and  Seybert  [18]  examined  both  the  interior  and  exterior 
acoustic  radiation  problems  considering  the  appllcatton  of  the  BBM.  Ihe  acoustical  re^onse  of  a 
q>herlcal  cavity  was  determined  and  good  agr^ent  between  the  BBM  results  and  the  anatytlcal 
solution  was  cbtained  ^ 

A  more  general  investigation  of  the  appikation  of  BBM  Ibr  the  numerical  solution  of  noise 
prubi  ems  insim  a  complex  elmped  cavity  was  performed  by  Suzuki  et  al  [  IQ),  A  new  formulation  for 
complicated  boundary  conditions  was  proposed  to  solve  practical  noise  problems  inside  a  vdiide 
cabin.  The  acoustic  effect  of  absorbent  materials  m  the  vibrating  surlhces  and  the  effect  of  leakage 
through  an  opening  were  considered  in  the  analysia.  Thty  appliM  the  method  in  determining  the 
sound  pressure  intdde  a  linear  duct,  the  transmission  of  sound  through  a  cavity-backed  plate,  and 
predict  the  sound  pressure  field  inside  a  rather  simple  sedan  compeolment  model  These  studies 
resulted  in  the  devdopment  of  a  new  computer  code  called  ACOUSt/  BOOM  to  analyze  the  sound 
pressure  radiated  by  a  vfirrating  structure  and  to  calculate  the  acoustic  resonance  of  the  field  |20j. 

The  literature  survey  indicates  that  fri  ^>ite  of  the  continued  research  on  the  subject,  the 
analytical  and  numerical  problems  associated  with  the  application  of  the  BBM  to  interior  acenistic 
radiation  problems  have  not  yet  been  completely  overcome  A  complete  procedure  to  predict 
acoustic  pfbemeters  under  realistic  inputs  Ibr  complicated  structures  is  yet  to  be  produced. 

FOniUlAIKNf  cr  nriERIOR  KBGIOlfS 

The  geometry  of  the  problem  is  presented  in  Figure  1.  Problems  to  be  considered  are  those 
dealing  with  behavior  within  cavities  as  diown  in  this  figure. 


Figure  1.  The  Geometry  of  the  Physical  Problem. 

For  most  practical  problems  a  sinusoidal  time  dependence  can  be  assumed  so  that  the 
problem  is  simplified  greatly.  Ihea  the  wave  equation  reduces  to  the  wdl  known  Heimh(dtz 
equation; 

V  p+k*p  =  0  (1) 

where  p  is  the  acoustic  pressure;  k  is  the  wave  number,  and  c  is  the  speed  of  sound  in  the 
medium. 

Solution  of  the  Helmholtz  equation  can  be  obtained  by  separation  of  variables;  This  method 
involves  series  expansions  of  the  solutions  in  terms  of  elgenlUnctions  of  the  system  and  can  only 
be  used  with  sptSM  coordinate  systems  and  boundary  conditions;  For  aibitrcurily  duped  bodies; 
no  general  analytical  solutions  exist  Thereibrc;  numerical  methods  diould  be  used  to  solve  the 
Helmholtz  equation. 

Applying  Green's  theorem  together  with  the  definition  of  Green's  Plinctian  to  the  Helmholtz 
equation  wiffi  the  Mowing  substitutions;  one  can  obtain  the  tatcgral  equation  called  the 
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;  witoiiiA  *■«- 


Ertemal  Hdmholte  Integral  Equattoi. 


f  [p(0)^^^-G(A.0)^JdS  =  0  (2) 

•^8  dn  3fl 

where  G  is  the  free  qtace  Green's  Fluictioa 

Now,  consider  two  dilllerent  casesk  Le.  Md  point  A  may  be  inside  the  region  V  or  on  the 
surlhce  S.  The  Green's  ftinctkn  is  regular  inside  the  surlhce  except  when  A  ••  Q.  To  remove  this 
singularity,  point  A  is  surrounded  by  a  small  q)here  or  circle  C  of  radius  c.  The  integral  will  now 
indude  a  term  over  C,  whidi  on  taking  the  limit  as  c  -»  0,  gives  the  fatenmi  Hdmhnity.  tntegmi 

P(A)=^r  [p(Q)^^^-G(AQ)^]<lS  (3) 

dn  dn 

In  die  ease  that  Add  point  A  approaches  surflice  point  (source  point)  Q,  the  geometry  of  the 
problem  is  modified  by  considering  a  small  hemiq>here  or  half  elrde  around  point  A  with  radius  t 
Ihe  integral  will  now  Indude  a  term  over  half  clrde,  which  on  taking  the  llmtt  as  c-»  0,  gives  the 
Surite-Hdmhglte  Integral  Equattw 

KA)=:~/  (p(0)^^^-G(A0)^JdS  (4) 

te  dn 

One  can  write  the  governing  equations  of  the  bitemal  problem  after  inserting  the  boundary 
conditions  in  a  more  compact  firm  as  Mows 

«A)p(A)  +  /^  p(Q)[-^,jk]oo,y(A.Q)[l^]dS(0)=/^  j*kv(Q)[5^1dS(0)  (5) 

where  z  is  the  q>eclfic  acoustic  impedance^  v  is  file  surfiice  vdodty,  r  is  the  distance  between  the 
points  A  and  0,  y  is  the  angle  between  the  unit  normal  and  positian  vector  r,  and 

4a  Ibr  the  fidd  points  inside  the  body 

c(A)  -  {  2i  Ibr  the  fidd  points  on  the  suiibce  of  the  bo(fy 

0  Ibr  the  fidd  points  outside  the  bo(fy 

MUlIBBiCALSCXJDlIOIIIKIlllIOUB 

In  the  previous  section,  the  integral  equations  whidi  descrtie  the  Interior  acoustic  fidd  of 
an  arbitrarity  sluqied  boc^  have  been  devdoped  The  numerical  procedure  tat  the  BBM  sdution 
has  been  eqilained  in  detu  in  (21]  and  consMs  of  the  Ibur  main  stqw  bdow: 

1.  Discretiattlon  of  the  boundary  surflioe  into  boundary  dements 
2  Numerical  integration  to  get  an  algebraic  system  of  equations 
S.  Solution  of  the  system  of  equations  to  obtain  the  unknown  boundary  sitfftioevariBbies 
4  Solution  of  the  fidd  (interior)  values 

AmXAIIOH  or  BBI  ID  A  UnraRIILr  PUUMIIM 

The  analytlefil  solution  Ibr  the  sound  pressure  on  the  surihee  of  a  unilbrm^  pulsating 
sphere  is  given  by: 
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where  a  is  the  radius  of  the  sphere  and  Uo  is  the  amplitude  of  suiihce  vdocity  in  normal  direction 
to  the  surihee. 

The  magntturie  and  phase  of  the  sound  messure  on  the  surihee  of  the  qihere  are  obtained 
from  both  the  anatytkal  solution  and  the  BBII.  The  tfiittt  is  taken  with  a  uniform  surface 
velocity  of  Uo  ■  1.0  m/a.  For  the  BEM  soiutioa  the  qohere  is  discretized  into  8  quadrilateral 
quadratic  isoparametric  dements  eadi  having  8  nodea  Ttie  computer  code  is  devdoped  on  the  IBM 
3000  mainframe  using  FORIBAN  77  and  the  BSSL  (Engineering  Sdentifle  Subroutines  Ubraty) 
subroutines  are  used  m  ttie  solutian  of  the  conqolez  set  of  simultaneous  equatioiML  The  results 
obtained  from  this  rather  rough  discretization  are  diown  in  Figure  2  together  with  the  analytkal 
sdutioa  The  etfret  of  internal  Add,  which  is  a  significant  petot  in  interior  acoustics  of  vdiide 
structure^  is  sfrikkigty  demonstratkl  in  the  BEM  rautkn. 


COMCUISKM 


In  this  paper  the  first  sta^  of  a  researdi  programme  directed  towards  the  prediction  of 
i  sound  pressure  levels  inside  vehicle  structurea  under  realistic  operating  condltiona  is  introduced 
\  A  literature  survey  on  the  application  of  BBM  to  the  radiatlm  problems  concerning  both  the 
I  exterior  and  interior  regions  is  presented  Ihe  application  of  the  BEM  to  the  numerical  scdution  of 
acoustic  radiation  problems  has  been  performed  The  BEM  formulation  has  been  given  for  the 
interior  acoustic  radiation  problems  together  with  the  numerical  solution  technique  and 
illustrated  on  the  solution  of  a  dasaical  acou^  problem. 
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ABSTRACT 

This  paper  deals  with  three  different  aspects  of  wind  turbine  noise: 
the  low-frequency  "thumping"  noise  associated  mainly  with  downwind  turbi¬ 
nes,  periodic  amplitude  modulation  of  the  aerodynamic  broadband  noise  and 
finally  mechanical  noise. 

It  is  shown  from  some  measurement  results  that  adverse  community 
reaction  due  to  the  thumping  noise  can  occur  at  levels  substantially  below 
those  observed  in  laboratory  experiments.  Furthermore,  some  aspects  of  the 
corresponding  sound  generation  are  discussed. 

The  importance  of  the  periodic  amplitude  modulation  of  the  broadband 
turbine  noise  and  in  certain  cases  also  of  the  random  modulation  is 
emphasized.  It  is  shown  that  measurement  results  agree  fairly  well  with 
predictions  from  a  simple  model. 

The  gearbox  is  the  most  important  source  for  the  mechanical  noise  and 
some  aspects  of  the  noise  generation  are  discussed.  Finally,  some  of  the 
measures  adopted  by  the  Swedish  industry  with  respect  to  the  different 
noise  problems  are  presented. 

INTRODUCTION 

Sweden  is,  compared  with  many  other  countries,  sparsely  populated.  It 
could  then  be  expected  that  the  noise  produced  by  wind  turbines  should  not 
be  a  very  important  issue.  However,  the  most  favourable  wind  conditions  are 
found  in  the  coastal  areas,  where  also  a  large  number  of  very  popular 
seaside  resorts,  vacation  houses,  etc,  can  be  found.  This  implies  that  it 
is  very  difficult  in  practice  to  localize  wind  turbines  so  that  the 
distance  to  adjacent  dwellings  is  Jarge  enough  for  the  noise  level  to 
become  unimportant  in  practice. 

Some  quantitative  data  were  given  recently  in  an  extensive  parlamen- 
tary  investigation.  It  was  here  concluded  that  if  a  large-scale  establish¬ 
ment  of  wind  power  were  to  take  place  in  Sweden,  the  maximum  distance 
between  wind  turbine  sites  and  adjacent  dwellings  which  is  possible  with 
respect  to  the  power  output  is  300  -  500  m. 

On  the  other  hand,  it  has  been  shown  that  the  sound  level  due  to  a 
"first  generation"  wind  turbine  in  the  megawatt  class  is  about  50-60  dB(A) 
at  this  distance.  The  sound  level  usually  permitted  in  Sweden,  for  example 
for  noise  from  industrial  plants,  is  35  -  40  dB(A).  This  implies  that  the 
noise  from  the  turbines  is  far  too  high,  maybe  with  as  much  as  15  -  20  dB- 
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Comparisons  of  measured  indoor  levels  with  criteria 

The  reason  for  the  measurements  presented  in  Figure  1  was  vigorous 
complaints  on  the  low-frequency  noise.  However,  the  levels  are  very  low 
compared  with  the  criteria  proposed  in  Ref.  [4],  see  Figure  2.  It  can  also 
be  mentioned  that  a  number  of  uninfluenced  persons  (including  the  present 
author)  visited  the  house  during  some  of  the  measurements  and  that  these 
persons  commented  unfavourably  on  the  thumping  noise. 


Frcqacacy,  Hi 

Figure  2.  The  sound  pressure  level  measured  inside  a  house  at  Maglarp 
(  -- —  )  and  the  perception  threshold  (  -  -  -  )  r'rom  Refs.  [3-4 J. 


MODULATION  OF  BROAD-BAND  AERODYNAMIC  NOISE 

The  amplitude  modulation  of  the  broad-band  aerodynamic  noise  is 
clearly  perceived  when  standing  close  to  a  unit.  The  main  reason  for  this 
modulation  is  thought  to  be  the  varying  distance  to  the  sound  sources 
during  the  rotation  of  the  rotor.  It  should  be  noted,  however,  that  if  the 
modulation  really  is  due  to  this  effect,  then  the  modulation  should 
decrease  fairly  rapidly  with  increasing  distance  from  the  turbine. 

If  a  two-bladed  turbine  is  taken  as  an  example  with  a  hub  height  of 
uo  m  and  the  main  sources  situated  on  the  blades  at  a  distance  of  30  m 
(70  %  of  the  blade  length)  from  the  hub,  it  is  seen  from  Figure  4  that  the 
modulation  decreases  rapidly  with  increasing  distance  from  the  turbine.  It 
is  also  seen  that  the  modulation  in  the  crosswind  direction  decreases  more 
rapidly  with  distance  than  the  modulation  in  the  downwind  direction. 


dS 


Figure  3.  Configuration 
assumed  for  calculation  of 
periodic  amplitude  modula¬ 
tion. 
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Figure  4.  Calculated  periodic 
amplitude  modulation  (peak- 
to-peak) . 


In  practice,  some  random  amplitude  modulation  will  always  be  present 
due  to  the  turbulences  in  the  air.  It  could  be  expected  that  this  effect 
should  be  more  pronounced  in  the  downwind  direction  as  the  sound  rays  then 
must  travel  through  the  wake  of  the  turbine  and  the  tower. 

Results  from  measurements  carried  around  at  a  prototype  situated  at 
NSsudden  are  shown  in  Figures  5-8.  The  microphone  was  in  this  case  placed 
on  the  ground.  These  Figures  apply  to  the  broadband  aerodynamic  noise  only; 
some  mechanical  noise  in  the  form  of  pure  tones  were  present  during  the 
measurements  but  have  been  filtered  away  before  the  analysis.  The  modula¬ 
tion  spectra  have  been  determined  from  the  A-weighted  sound  pressure,  and 
are  expressed  in  dB  re  the  equivalent  (long-time  RMS)  A-weighted  pressure. 
This  implies  that  the  Figures  show  the  RMS-value  of  th'  modulation,  not  the 
peak-to-peak  value  as  in  Figure  4.  An  analysis  time  of  16  s  was  used  (a 
longer  time  tends  to  blur  the  results) .  The  measurements  and  the  analysis 
procedure  are  discribed  in  detail  in  Ref.  I5l. 


Figure  5.  Measured  sound  level  at  a  point  114  m  downstream  the  wind 
turbine  at  NSsudden.  Wind  speed  at  hub  height:  13  m/s. 


Figure  6.  The  modulation  spectrum  of  the  signal  in  Figure  5.  The 
modulation  is  expressed  in  dB  re  the  equivalent  pressure.  Analysis 
time:  16  s. 
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The  results  show  clearly  that  the  discrete  amplitude  modulation  as 
well  as  the  random  modulation  are  much  smaller  in  the  crosswind  direction 
than  downstream  the  tower  as  expected. 


Figure  7.  Measured  sound  level  at  a  point  114  m  from  the  tower  at 
NSsudden  in  the  crosswind  direction.  Wind  speed  at  hub  height:  17  m/s 


TRAS-A  FREQUENCY  Hz 


Figure  8.  The  modulation  spectrum  of  the  signal  in  Figure  7.  The 
modulation  is  again  expressed  in  dB  re  the  equivalent  pressure. 

MECHANICAL  NOISE 

Noise  sources 

The  mechanical  noise  has  in  many  cases  been  found  to  be  dominated  by 
noise  generated  in  the  gearbox.  Thus,  the  design  and  construction  of  the 
gearbox  will  affect  the  noise  level  inside  the  nacelle  and  hence  also  the 
needed  sound  insulation  of  the  external  walls  of  the  nacelle.  It  should 
also  be  remembered  that  the  structureborne  sound  contribution  from  sources 
of  this  type  is  often  taken  as  proportional  to  the  airborne  sound  genera¬ 
tion.  This  approach  seems  reasonable  as  a  first-order  approximation  and  is 
very  useful  as  source  data  on  the  structureborne  sound  are,  in  general, 
impossible  to  achieve.  This  implies  that  the  type  of  gearbox  will  affect 
the  measures  against  structure-borne  sound  as  well. 
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A  number  of  factors  influence  the  sound  generation  of  a  gearbox.  Among 
the  more  important  ones  are 

-  type  of  gearbox 

-  operation  conditions 

-  the  detailed  design  of  the  gearbox 

-  production  factors 

-  installation 

Due  to  the  space  restrictions,  only  the  first  one  of  these  items  will 
be  discussed  here;  a  discussion  of  the  remaining  factors  can  be  found  in 
Ref.  [6]. 

The  gearbox  in  a  wind  turbine  unit  must  be  able  to  cope  with  heavy 
loads  and  a  high  RPM  increase.  For  this  reason,  planetary  gears  are  used  in 
the  main.  In  the  Swedish  prototype  at  NSsudden  the  planetary  gear  is 
connected  to  a  supplementary  bevel  gear  for  the  last  gearshift  nearest  to 
the  generator,  as  the  generator  has  a  vertical  axis. 

Planetary  gears  are  comparetively  silent.  The  emitted  air-borne  sound 
can,  as  a  first  approximation,  be  taken  as  a  function  of  the  transmitted 
mechanical  power  alone.  Ref.  (7]: 

Lwa  =  87.7  +  4.41og(P) .  (1) 

In  this  empirical  equation,  L^a  is  the  A-weighted  sound  power  level  in 
dB(A)  and  P  is  the  transmitted  mechanical  power  in  kW. 

It  should  be  noted  that  this  relationship  is  valid  only  for  cogs  with 
an  inclination  of  at  least  20°.  Some  influence  of  the  sound  radiated  from 
the  foundation  (steel  or  concrete)  is  thought  to  be  included  in  the  formula; 
however,  no  quantitative  information  is  known. 

A  comparison  of  the  measured  airborne  sound  generation  by  the  gear¬ 
boxes  of  the  two  Swedish  prototypes  at  NSsudden  and  Maglarp  with  the  corre¬ 
sponding  result  from  equation  (1)  is  presented  in  Table  1. 

Table  1.  The  A-weiglited  sound  power  level  (air-borne  sound  only)  in 

comparison  with  the  result  from  Eq.  (1) . 


NSsudden 

Maglarp 

Calculated 

102 

103 

Measured 

100 

105 

This  agreement 
meters  not  included 

is  thought  to  be 
in  equation  (1) . 

very  good  in  view  of  the  many  para- 

F 

w  ca  H 

F 

J _ M 

0  0 — sr 


Bevel  gear 


Straight  shaft 


Figure  9.  The  mobility  of  the  shaft  of  a  bevel  gear  is  higher  than 
that  of  a  straight  shaft. 
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Bevel  gears  are  used  in  some  types  of  wind  power  units.  No  experimen¬ 
tal  or  theoretical  basis  for  the  calculation  of  the  genarated  sound  power 
from  a  bevel  gear  has  been  found  in  the  literature.  However,  a  rough 
estimate  of  the  sound  generation  of  a  bevel  gear  in  comparison  with  a 
straight  shaft  is  easily  made.  In  the  case  of  a  bevel  gear,  one  of  the 
gearshaft  ends  cannot  be  mounted  in  bearings.  The  bending  moment  attached 
to  that  end  is  therefore  transferred  to  the  gearbox  principally  by  radial 
forces  on  the  bearings,  see  Figure  9. 

The  mechanical  mobility  is,  for  sufficiently  high  frequencies,  four 
times  that  of  the  straight  shaft,  see  e  g  the  book  by  Cremer,  Heckl  and 
Ungar,  Ref.  [81.  This  implies  that  the  acoustic  power  transmitted  into  this 
shaft  is  also  four  times  that  in  the  case  of  a  straight  shaft,  provided 
that  the  external  force  is  the  same.  The  corresponding  difference  in 
decibels  is  6  dB. 

Other  noise  sources,  such  as  generator,  hydraulic  equipment  and  fans 
are  comparetively  easy  to  control  with  conventional  measures.  Some  recom¬ 
mendations  are  given  in  Refs.  (6-71. 

Airborne  sound  insulation 

Some  interesting  results  on  the  airborne  sound  insulation  of  the 
nacelle  has  been  obtained  at  the  NSsudden  unit.  The  nacelle  is  in  this  case 
load-bearing  and  consists  of  15  mm  steel. 

These  measurements  were  carried  out  on  the  parked  unit.  The  interior 
of  the  nacelle  was  excited  by  a  loudspeaker  using  pink  noise,  50  -  2000  Hz. 
The  sound  pressure  level  inside  the  nacelle  was  measured  with  a  rotating 
microphone  boom.  The  sound  pressure  level  outside  the  nacelle  shell  was 
obtained  at  a  distance  of  2  3  m,  with  the  microphones  mounted  on  rods 

which  were  held  by  the  measuring  personnel  standing  on  the  top  of  the  roof 
and  on  a  platform  beside  the  nacelle.  The  sound  reduction  index  R  is 
evaluated  as 


R  =  Li-6-Lo+101og(Si/S2) ,  (2) 

where  and  Lq  are  the  sound  pressure  levels  in  the  generator  room  and 
outside  the  nacelle,  respectively,  and  where  Si  is  the  area  of  the  trans¬ 
mitting  surface  and  where  S2  is  the  area  of  the  measurement  surface  outside 
the  nacelle. 


Figure  10.  Sound  reduction  indeces.  - ,  from  measurement  points 

above  the  nacelle  roof;  -  -  -,  from  measurement  points  outside  the 
nacelle  wall;  from  measurement  points  below  the  nacelle;  ••• 
calculated  for  the  forced  response. 
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The  result  is  given  in  Figure  10.  The  sound  reduction  index  is  here 
refered  to  the  surface  Si  as  seen  from  the  interior  of  the  nacelle.  It  is 
seen  that  the  sound  reduction  index  is  much  lower  than  the  curve  calculated 
for  the  forced  response.  The  main  reason  for  this  discrepancy  is  thought  to 
be  the  influence  of  a  resonant  structural  response.  It  should  also  be  noted 
that  if  the  resonant  response  is  important,  the  area  of  the  radiating  sur¬ 
faces  on  the  outside  of  the  nacelle  can  be  much  larger  than  the  area  seen 
from  the  inside  of  the  nacelle. 

SOME  Measures  adopted  by  the  Swedish  wind  power  industry 

The  main  interest  of  the  Swedish  wind  power  industry  is  focused  on 
units  in  the  megawatt  class.  The  noise  reducing  measures  applied  by  the 
Swedish  industry  on  new  units  and  projected  units  can  be  summarized  as 
follows  (Ref.  [9]): 

1.  Double  or  variable  RPM  are  used  in  order  to  reduce  the  noise  during 
low  wind  conditions. 

2.  A  separate  frame  is  used  for  the  power  line  instead  of  a  self- 
supporting  nacelle. 

3.  Bevel  gears  are  avoided. 

4.  High-quality  gear  boxes  are  chosen  so  that  additional  sound  redu¬ 
cing  layers  on  the  nacelle  can  be  avoided. 

5.  The  interior  of  the  nacelles  are  fitted  with  sound  absorbing 
materials. 
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Abstract 

This  paper  reviews  the  information  presently  available  on  wind  turbine  noise  from  both  horizontal 
and  vertical  axis  machines.  In  particular  the  following  points  are  discussed;  the  noise  sources,  their  origins 
and  their  measurement,  the  measurement  and  prediction  of  noise  levels  at  the  boundary  of  the  turbine 
sites  and  local  communities,  studies  of  the  impact  of  the  noise  on  communities. 

Some  discussion  of  the  work  of  standards  groups  concerning  such  noise  problems  is  given. 

A  REVIEW  OF  SOME  OF  THE  LITERATURE  RELATING  TO  WIND  TURBINES 

The  literature  concerns  itself  with  the  following  aspects  of  noise  from  wind  turbines: 

i)  the  sources  of  aerodynamically  generated  noise, 

ii)  the  mechanical  sources  of  noise, 

iii)  statements  of  noise  measured  at  various  wind  turbine  sites  and  attempts  to  correlate  the 
noise  levels  with  various  parameters, 

iv)  the  impact  of  the  noise  on  individuals  and  the  community,  and 

v)  the  standardization  of  noise  measuring  procedures. 

Generally  the  literature  relates  to  two  types  of  turbine,  the  horizontal  and  the  vertical  axis  types  of 
machine.  There  are  some  differences  in  the  special  circumstances  of  such  machines  but  also  much  that  is 
common  to  both  types. 

SOURCES  OF  Aerodynamically  generated  noise 

The  sources  of  aerodynamic  noise  can  be  divided  into  three  types.  The  first  is  the  aerodynamic 
noise  due  to  the  steady  state  blade  loads  i.e.  the  source  of  noise  from  the  blades  which  is  generated  as  if 
the  blade  was  moving  in  an  undisturbed  atmosphere.  This  was  treated  by  Gutin  [1]  originally  for  propeller 
noise  and  was  applied  to  wind  turbines  by  Martinez  et.al.  using  the  work  of  the  authors  listed  in  [2  through 
7j.  It  can  be  shown,  refer  to  figure  1,  that  the  acoustical  pressure  is  given  by: 
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where  Pj  is  the  s’th  harmonic  of  the  pressure  signal,  B  is  the  number  of  blades  and  ft  is  their  angular 
velocity,  t  being  time. 

A  second  consideration  in  deriving  the  noise  pressure  relates  to  the  earth’s  surface  boundary  layer, 
as  a  result  the  noise  source  is  not  symmetrical  about  the  axis  of  rotation.  Martinez  et  al.  derived  the 
acoustic  pressure  as: 
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where  B^(r')  are  the  Fourier  coefficients  of  the  thrust  at  a  particular  radius  and  angle  of  rotation. 

A  third  effect  is  associated  with  the  tower  wake,  see  figure  2.  The  passage  of  the  blade  through  the 
wake  leads  to  an  impulsive  noise  which  is  a  well  recognised  characteristic  of  wind  turbine  noise.  The  noise 
due  to  this  source  is  given  by; 
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where  M  is  ftR/Cj,,  R  is  the  rotor  radius,  Lq  is  the  unsteady  lift  amplitude  due  to  gusts  (c.f.  Filotas  ref  [6]) 
and  D  is  a  directivity  function. 

These  equations  have  been  applied  to  a  DOE'N’ASA  MOD-1  wnd  turbine  and  some  predictions  of 
the  theory  outlined  above  are  given  in  figures  3  and  4.  Some  detailed  considerations  of  the  factors 
outlined  above  have  been  given,  particularly  that  relating  to  the  shape  of  the  aerofoil  used  in  the  blades. 
The  bluntness  of  the  trailing  edge  has  an  effect  on  the  higher  frequency  noise  output  of  the  blade  as  is 
shown  in  figure  5,  reference  [8].  Figure  6  shows  the  contributions  made  by  the  different  noise  mechanisms 
to  the  overall  output  of  the  aerodynamic  noise  sources. 

The  forgoing  treatment  has  been  applied  particularly  to  wind  turbines  with  horizontal  axis.  The 
alternative  type  uses  a  vertical  axis.  The  theory  of  Gutin  and  others  which  was  referred  to  clearly  applies 
directly  to  these  machines.  The  detailed  work  required  to  develop  computer  programs  for  the  noise 
prediction  does  not  appear  to  have  been  accomplished.  However  noise  and  vibration  measurements  have 
been  made  in  some  detail  on  several  sizes  of  machine  (up  to  SOOKw  [9]). 

Another  source  associated  with  the  aerodynamic  noise  arrises  from  geometry  changes  in  the 
machine  due  to  oscillatory  bending  and  twisting  effects  [10].  Control  of  these  effects  is,  of  course,  essential 
to  the  structural  integrity  of  the  machine  but  the  study  of  the  actual  relation  of  these  vibrations  to  noise 
emission  does  not  appear  to  have  been  attempted. 

Mechanical  NOISE 

Reference  [12]  provides  an  excellent  example  of  a  study  of  the  noise  arising  from  the  gearbox  of  a 
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vertical  axis  machine.  The  gearbox  with  one  of  the  most  obvious  noise  sources.  The  investigation  and 
control  of  such  noise  is  a  well  established  subject.  Given  that  the  usual  practices  are  followed  and  that  the 
manufacturing  and  assembly  quality  is  satisfactory  then  it  follows  that  the  noise  generating  artifacts  will  be 
minimized.  Similarly  the  matter  of  the  vibration  of  the  gear  box  housing  needs  addressing  so  that  it  does 
not  allow  signiHcant  coupling  to  the  air.  The  nacelle,  or  in  the  vertical  axis  case  the  building,  enclosing  the 
machinery  should  be  designed  as  an  effective  acoustical  enclosure.  As  the  noise  levels  from  aerodynamic 
sources  are  well  known  it  is  quite  possible  to  provide  a  total  machinery  noise  level  criterion  which  when 
applied  to  the  housing  can  lead  to  noise  immission  which  is  less  than  the  aerodynamic  equivalent. 

Mechanical  vibration  can  be  transmitted  to  the  supporting  structure  and  reradiated.  It  is  therefore 
necessary  to  isolate  the  structure  from  such  sources  and  this  is  well  understood  in  engineering  practice, 
reference  to  any  of  the  publications  concerned  with  noise  control  engineering  will  illustrate  this  point 
[13,14,15]. 

CORRELATION  AND  INTERRELATION  OF  EXISTING  MEASUREMENTS 

Papers  have  been  written  which  propose  methods  of  correlating  the  noise  performance  of  wind 
turbines.  Some  of  these  are  concerned  with  developing  a  prediction  method  which  fits  at  least  one  set  of 
circumstances.  Reference  [16]  in  which  data  from  26  different  horizontal  axis  wind  turbines  is  presented. 
An  empirical  relationship  gives  noise  pressure  in  terms  of  the  area  of  the  rotor  area,  this  equation  is  given 
below: 

L^  =  11.4  log  A, +  73.4  (4) 

where:  L^  is  the  source  level  in  dBA  and  A,  is  the  area  swept  out  by  the  wind  vane. 

The  other  reports  [17  -  20]  are  based  on  wind  turbine  data  prediction  methods  which  are  similar  to 
the  above,  in  the  main  with,  the  exception  of  reference  [19].  In  that  reference  Viterna  describes  a  noise 
prediction  method  for  horizontal  axis  wind  turbines  which  are  based  on  some  experimental  data  and  a 
"code"  which  is  presented.  Kelly  et.  al.  in  reference  [17]  present  some  interesting  data  because  this  one  of 
the  references  to  the  swishing  noise  effect  which  is  of  low  frequency  i.e.  about  2  Hz.,  c.f.  figure  7  (after  van 
der  Borg).  Sound  level  meters  do  not  measure  the  modulation  of  the  noise  at  these  frequencies  easily. 
Recently  Holley  and  Bell  [11]  considered  the  problem  of  low  frequency  sound  from  wind  turbine  arrays. 
They  have  recommended  the  use  of  a  low  pass  filter  (for  frequencies  below  lOOHz.)  which  is  described  in 
[28]  and  an  impulsive  sound  measurement.  Here  impulsivity  was  defined  as  "the  difference  between  the 
levels  from  standard  impulse  hold  circuits  (c.f.  ANSI  Sl-4-1983)  and  the  more  usual  C  weighted  rms 
levels".  Commentary  is  given  in  Holley  and  Bell’s  paper  on  the  application  of  such  methods  to  multiple 
turbine  sites. 

Martinez  et.al.,[2]  presented  a  study  of  the  low  frequency  and  impulsive  noise  from,  horizontal  axis 
machines  using  the  aerodynamic  theory  of  Gutin  referred  to  earlier.  Some  experimental  data  is  presented 
and  predictions  are  given  for  distances  of  1km.  from  the  site.  It  is  necessary  to  take  ground  impedances 
effects  into  account  in  evaluating  noise  levels  at  large  distances  from  the  source  [21].  It  is  noted  that  the 
suggestion  has  been  made  that  the  criterion  for  permissible  noise  levels  should  take  account  of  the  noise 
from  wind  in  local  trees  and  the  noise  in  houses. 


I  STANDARDIZATION  AND  NOISE  MEASUREMENT  PROCEDURES 

I 

I  Many  standards  probably  apply  to  the  noise  measurements  from  such  machines  but  this 

^  commentary  has  confined  itself  to  four  only  [refs  22-25].  The  standards  are  clear  in  their  statement  of  the 
^  measurements  to  be  made  but  in  the  case  of  references  [24  and  25]  in  conflict  with  each  other.  Two 
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purposes  can  be  supposed  to  be  served  by  the  standards.  First,  the  standard  can  provide  a  method  of 
measurement  which  can  be  used  to  compare  the  noise  emission  properties  of  different  machines.  Second, 
the  standards  can  provide  a  method  of  measurement  which  allows  for  the  as.<'essment  of  the  impact  of 
noise  on  those  who  live  in  the  neighbourhood  of  the  machines.  These  are  separate  functions,  at  least  in  so 
far  as  their  methodology  is  concerned.  It  might  for  example  be  of  interest  to  various  manufactures  and 
operators  of  such  machines  to  know  of  gearbox  noise  and  the  additional  costs,  if  any,  of  building  suitable 
enclosures  for  the  generators  and  gearboxes.  This  information  is  not  of  direct  interest  to  those  concerned 
with  town  planning. 

The  development  of  standards  which  can  provide  the  required  information  for  planning  has  a  fairly 
long  history.  The  development  of  the  I.S.O.  R  1996  standard  was  the  culmination  of  many  years  of  effort 
and  replaced  an  earlier  standard  which  was  considered  to  be  inadequate  by  some  countries.  Many 
countries  have  accepted  that  standard  and  used  it  where  appropriate  as  the  basis  of  their  national 
standard.  It  might  be  that  a  revision  of  this  standard  is  now  required  to  account  for  the  low  frequency  and 
impulsive  noise  referred  to  earlier. 

A  comparison  of  some  of  the  standards  is  given  in  table  1  below: 


Table  1  --  A  comparison  of  the  standards  for  noise  measurements  for  wind  turbines 


Standard 
or  Draft 

Microphone 

Height 

Weight 

/filter 

Microphone 

Positions 

Measurement 

units 

Comments 

1SO-R1996 

1.2  mtrs. 

A& 

tonal 

various 

^q 

The  standard  provides  some  detail 
on  the  effects  of  tonality  and 
topography  and  refers  to  day  and 
night  noise  levels. 

CSAZ107. 

.‘;3-M1982 

1.2  mtrs. 

A  only 

at  site 
boundary 

dBA 

This  standard  is  designed 
primarily  for  a  walk  around  with  a 
hand  held  sound  level  meter  it 
provides  a  somewhat  superficial 
survey  method.  Unfortunately  it  is 
the  Canadian  standard. 

CSAF417 

M1986 

1.5  mtrs 

A  only 

30mtrs  or 

1.5  rotor 

dBA 

A  speciHcation  for  basic  sound 
level  measurements  at  1.5  m 
above  ground  level. 

IEA(4] 

(AWEA/ 

ANSI) 

on  ground 

A& 

1/3  oct. 
&  tonal 

see  note 
right 

dBA, 

^10**-90»  *-95 

This  draft  standard  is  more 
comprehensive  than  any  of  the 
others.  A  formula  for  the  placing 
the  microphone  is  given  in  the 
document. 

As  has  been  mentioned,  noise  arises  from  two  sources  aerodynamic  and  second  gearbox  and 
related  machinery  noise.  The  methods  given  above  give  a  rough  and  ready  indication  of  the  aerodynamic 
noise.  It  would  be  better  however  to  use  a  measurement  method  which  characterises  the  low  frequency 
effects  which  have  been  described  earlier.  Information  on  the  directivity  of  the  sources  needs  to  be 
obtained  to  allow  predictions  of  noise  levels  appropriate  to  the  particular  site.  Some  sort  of  standardised 
prediction  method  for  the  treatment  of  the  losses  during  transmission  might  also  be  appropriate. 

The  measurement  of  noise  from  the  generator  and  gearbox  housing  requires  different  techniques 
and  on  the  occasion  this  has  been  done  it  has  included  the  u.se  of  sound  intensity  measurements  around 
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the  nacelle  [26].  Such  data  should  provide  a  basis  for  subsequent  design  modifications  if  they  are  felt  to  be 
required. 

It  may,  perhaps  be  concluded  that  the  present  measuring  protocols  leave  something  to  be  desired 
and  that  the  use  of  them  does  not  describe  the  noise  in  a  way  which  is  useful  to  the  future  design  processes. 

ASSESSMENT  OF  THE  NOISE  IMPACT  ON  THE  COMMUNITY 

Briefly,  there  appears  to  be  reason  for  supposing  that  the  impact  of  noise  on  the  community  should 
be  the  subject  of  further  study.  It  is  noted  that  low  frequency  noise  can  cause  vibration  in  dwellings  and 
thus  cause  additional  annoyance.  The  work  of  Kelly  [17]  and  others  e.g.  [27]  seems  to  provide  a 
foundation  for  assessment  work  which  should  perhaps  have  a  more  substantial  base. 

Conclusion 

This  paper  has  atte.mpted  to  review  some  of  the  major  aspects  of  noise  from  wind  turbines.  The 
review  has  touched  on  aerodynamic  and  mechanical  noise  mechanisms.  Some  discussion  of  measurement 
techniques  has  been  given  but  detailed  measurements  of  a  research  nature  have  been  omitted  for  reasons 
of  brevity.  A  limited  commentary  on  standards  has  been  given.  Some  discussion  has  been  given  on 
annoyance  factors  and  the  measurement  thereof. 

Clearly  work  is  needed  on  the  latter  topics  and  it  may  be  that  a  closer  liaison  between  wind  turbine 
groups  and  the  noise  control  engineering  community  might  be  desirable. 
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Figurel  -  Coordinate  syst  ;m  for 
eqns.  1-3.  (after  Martinez  j^.al) 


Figure  2  ~  Tower  wake  velocity  ratios  v/s  distance 
from  tower  for  MOD  1  machine,  (after  Martinez 
et.al) 


Figure3  --  Predicted  sound  levels  for  first  3 
harmonics  at  IKm  from  MOD  1  tower  at  varoius 

frequencies  psi=65°  linear  ground  shear  8mph, 
free  stream  35  mph,  cap  ohmega=35  rpm.  (after 

Martinez  et.al) 
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Figure4  --  Predicted  sound  levels  for  first  3  harmonics  at  IKm  from  MOD  1 

tower  at  various  frequencies  psi=65®  otherwise  as  fig.  3.  (after  Martinez 

et.al) 
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ABSTRACT 


The  paper  will  be  focussed  primarily  on  the  measurement  of  sound 
power  of  fans  to  be  tested  by  two  surface  method  and  in  duct 
method. The  most  useful  noise  emission  characteristic  is  the  sound 
power  level  of  the  source. One  of  the  best  techniques  being  used 
now  is  called  the  two  surface  method.  In  this  procedure  ,  1/3 
octave  band  sound  pressure  leveles  eire  measured  on  the  surface  of 
two  hypothetical  parallelepides  over  the  machine  being 
tested. Measuring  results  will  be  compared  with  other  ISO  method 
(Determination  of  sound  power  levels  of  ducted  fans). 


Introduction 

A  wide  variety  of  wave  phenomena  can  be  observed  in  nature.  There 
are  a  number  of  features  common  to  all  kinds  of  waves. 

Particular  attention  is  devoted  to  sound  power  ,  sound  intensity, 
sound  pressure,  and  decibel  scale  because  of  Ihsir  Importance  in 
sound  monitoring  and  measurement  as  well  as  understanding  the  two 
measuring  methods 

Determining  noise  source  by  Its  power  level  distribution  was 
written  a  lot  of  paper  including  one  of  present  authors  as  well. 
Main  goal  of  measurement  was  to  reduce  the  noise  at  the  refuse 
burning  furnace  near  Dorog  town. 

Fan  noise  characteristics,  too  were  measured  at  the  testing  hall 
of  ventilation  works  that  will  be  showed  at  the  poster  session. 

•  At  present  Budapest  Transport  Company  (BKV  Akacfa  IS 
1072  Budapest) 
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Sound  Power  Level 


Employing  the  decibel  scale, sound  power  level, L^,  is  defined  by 

U 

L  =101og -  (i) 


where  W  is  the  power  in  watts  of  the  sound  source,  and  W„is  the 

-12  ^ 
reference  power  level, usually  10  W. 

Sound  Intensity  Level. 


A  sound  wave  may  be  described  either  in  terms  of  the  displacement 
of  air  particles  produced  at  a  point  in  space  or  in  terms  of  the 
vau-latlon  of  air  pressure  at  the  sane  point. The  air  pressure  rises 
above  and  falls  below  atmospheric  pressure  with  the  same  frequency 
as  the  displacement. The  •-naxlmum  amount  by  which  the  pressure 
differs  from  atmospheric  pressure  is  called  the  pressure 
amplitude, P. In  general,  P  is  directly  proportional  to  the 
displacement  amplitude  ^uld  inversely  proportional  to  the 
wavelength  of  the  wave. 

The  power  per  unit  area  in  a  sound  wave  equals  the  product  of  the 
excess  pressure  and  particle  velocity. Averaging  this  product  over 
one  cycle,  the  result  for  the  sound  intensity  is 


2 

where  P  is  the  maximum  pressure-amplitude  in  N/m  ,6  is  the  average 
density  of  the  air  (  1.2  kg/m"^  for  air  at  20  C  ),and  v  is  the 
propagation  velocity  of  the  wave. 

Sound  intensity  level, Lj, is  defined  by 

1 

L  =101og -  (3) 

^0 


2 

where  I  is  the  sound  intensity  in  W/m  and  I^  is  the  reference 

-12  2  ^ 

intensity,  usually  taken  as  10  H/ra  . 

On  this  scale,  the  threshold  of  heeu'lng  (I=Iq=10  Wnt  loccurs 

at  j 

L,=101og -  =  101ogl=0  dB  (4) 

^0  2 

Slmllsu-ly,  the  threshold  of  pain  (1=1  W/m  )  occurs  at 
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L,»ioiog— r,- 

^  10 


12 

lOlogClO  )>120  dB. 


(B) 


Sound  Presure  Level. 

According  to  Equation  (2),  the  acoustic  Intensity,  Is  directly 
proportional  to  the  MXlaun  acoustic  pressure  squared.  Based  on 
this  relationship,  sound  pressure  level,  Lptls  defined  by 


S  =  10 


(6) 


wher  P  Is  the  maximum  acoustic  pressure  In  N/m  ,  and  P^  Is  the  re¬ 
ference  acoustic  presure. 


Relationship  among  Sound  Power, Sound  intensity, and  Sound  Pover 

Level 

Consider  a  uniform  spherical  wave  propagating  from  a  point  source. 
(Most  sources  csut  be  considered  as  point  sources  at  dlstauices  that 
are  large  compared  to  the  size  of  of  the  source  itself. )  Consider 
a  point  source  of  power  W  emitting  periodic  waves  In  three 
dimensions.  Energy  from  the  source  Is  assumed  to  be  trsuismltted 
equally  in  all  directions. At  a  distance  r  from  the  source, the 

2 

energy  Is  uniformly  distributed  over  a  sphere  of  area  4iir  .The 
Intensity  I  at  this  distance  from  the  source  will  be 


W 


1= 


4itr^ 


(7) 


According  to  the  above  equation. 


W=I(4Ttr  )=IS 


(8) 


where  S  is  the  surface  area  of  a  sphere  In  m  .Subtitutlon  of  this 
expression  into  the  equation  (1)  leads  to 


IS 


L  =101og - 

w 

**0 


lOlog- 


I  s 

=101og -  +  lOlog -  (9) 


^0^0 
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0  2 

20  C  ),  and  I„  W/m  ,  (p  a  time-averaged  pressure  called  the 
0  rms 

root-mean-squ8U'e  .measuring  It  by  sound  meter.) 


result  In 

L ,=  L  -  0.13 
1  P 


(12) 


sound  pressure  level  are  equal  In  magnitude  under  these  conditions. 

Sound  is  a  highly  variable  component  of  the  total  human 
environment 

As  a  result, a  consideration  of  the  Instrunantatlon  necessary  to 

obtain  more  meaningful  data  about  both  the  source  emd  the  envir¬ 
onment  Is  required. With  respect  to  both  simplicity  emd  adequacy 
for  characterizing  human  response,  a  frequency-weighted  sound  le- 
In  order  to  use  available  standardized  Instrumentation  for 
direct  measurement,  the  A-frequency  weighted  Is  the  only  suitable 

choice  at  this  time. 
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Measurement  of  the  Sound  Power  Level. 


Many  state  ,  and  governments  have  written  noise  control  codes 
listing  maximum  permissible  sound  levels  crossing  industrial  and 

construction  site  boundaries  into  residential  and  commercial 

zones. They  state  that  the  maximum  noise  radiated  by  a  machine  must 

not  exceed  a  certain  level,  when  the  noise  is  measured  according 

to  a  prescribed  test  code. Permissible  noise  may  be  stated  in  terms 

of  overall  A-welghted  sound  pressure  levels,  octave-band  sound 

pressure  levels,  one-third  octave-beuid  sound  pressure  levels,  or  a 

combination  of  these  -  all  measured  at  fixed  distance  from  the 

machine  ,  under  known  or  measurable  room 

conditions. Alternatively, maximum  noise  emission  may  be  stated  in 

terms  of  sound  power,  or  sound  power  level  -  independent  of 

distance  from  the  machine  euid  independent  of  room  environment. 

These  featuress  make  sound  power  an  excellent  way  to  express  the 

noise  rating  of  a  machine. 

Unfortunetly,  most  industrial  machinery  is  installed  in  locations 
wherelt  is  difficult  to  determine  sound  power. One  of  the  best 
techniques  now  being  used  is  called  the  two-surface  method. 

In  this  procedure,  sound  pressure  levels  are  measured  on  the 
surfaces  of  two  hypothetical  parallelepipeds  over  the  machine 
being  tested. 

Also,  the  sound  pressure  levels  measured  on  the  surface  of  Sg  will 
be  less  than  those  measured  on  surface  S^because  they  are  farther 
away  from  the  machine.  From  the  difference  in  average  sound 
pressure  levels  ,  and  the  ratio  of  the  areas  of  the  two  boxls,  a 
correction  can  be  determined  so  that  sound  power  level 
ceui  be  calculated  by  the  equation  or  by  the  diagram  [1] 

“SPLj*  10  log  Sj  -  C  (13) 
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where 

-12 

=  the  sound  power  level  re  10  watt. 

SPLj  =  the  average  sound  pressure  level  measured  on  parallel¬ 
epiped  S, ,  In  decibels  re  20  mikroPa. 

^  2 
Sj=  the  area  of  parallelepiped  Sj,  In  m  . 

C  =  the  correction,  from  Fig  wlch  ceui  be  seen  In  Ref  tl,  page  192] 

(  or  according  to  [1]  In  book  entitled  Machinery  Acoustics, Diehl 
George  M.  New  YorkiWlley-Intersclence,  1973) 


Measurement  according  to  ISO/DIS  5136 


This  International  Standard  speclflles  a  method  of  testing  ducted 
fans  to  determine  the  sound  power  radiated  Into  an  anecholcally 
terminated  duct  on  the  Inlet  and  /  or  outlet  side  of  the 
equipment  This  International  Standard  may  also  apply  to  other 
aerodynamic  sources  such  as  boxes,  dampers  and  throttle 
devices.  The  sound  power  radiated  Into  the  test  duct  by  the  fem  eis 
specified  In  this  International  Standard. 

The  test  set-up  consists  of  the  fan  to  be  tested,  an  Intermediate 
duct,  a  terminating  duct.  If  necessary,  the  test  duct  will' 
anecholc  termination,  the  Instrumentation. Suitable  provision  shall 
also  be  made  for  maintaining  and  checking  the  operating  condition 
of  the  fein.The  aerodynamic  performance  characteristics  may  be 
measured  on  a  separate  set-up. 

In  the  ceise  of  the  suitable  sampling  tube  It  Is  poslble  to 
fulfill  that  the  turbulence  noise  should  be  supressed  by  10  dB  at 
least  in  the  frequency  rsinge  of  Interest  as  compared  with  a  noise 
cone. Poslbllltles  of  the  sound  level  meter  or  other  amplifier  used 
to  amplify  the  microphone  signal  Including  frequence  analyser  and 
graphic  level  recorder  or  other  read-out  devices  should  be  tsdcen 
Into  consideration  the  overall  requirements  of  lEC  651. 

Conclusion 

Our  measurements  were  partly  performed  by  Instrument  (FFT 
spectrum  analyzer,  Typ;PSA)  manufactured  by  Hungarian  Pont  Manu¬ 
facturing  Co  (1196  Budapest  Rakoczl  110  or  telex  22-7783  pont  h) 
This  instrument  Is  suitable  for  low  cost  measurements. (PSA- 100 
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performs  three  main  functions:  narrow  band  analysis,  constant 
relative  bandwidth  analysis  (1/3,  1/1  octave)  and  true  RMS  digital 
voltmeter) 

Old  Bruel  and  KJaer  instruments  (m2uiufactured  in  Denmsu'lc  )  were 
also  used  for  our  measuring  task. Meaisuring  results  were  evaluated 
by  IBM  PC  using  Lotus  program. Detai led  pictures  will  be  showed  at 
poster  session. 

Results  concerning  the  low  frequency  parts  were  different 
regarding  the  different  measurln  method. 

It  is  necessary  to  remark  that  Isoth  methods  can  be  used  for 
evaulatlng  the  muffler  designed  by  ventilation  works. 

According  to  result  in  connection  with  muffler  it  ceui  be  eaisily 
reached  10-15  dB  noise  reduction  above  25o  Hz  applying  the  Silka 
product  (Hungarian  trademark  ). 

Earlier, M.J.  Crocker  (2]  meaisured  the  sound  power  of  a  vibrating 
cylinder  using  the  surface  intensity  method  Euid  compared  it  with 
the  reverberation  room  method  and  theory. F.J.  F^y  (3J  used 
correlation  technique  for  measurement  of  the  acoustic  Intensity 
According  to  the  opinion  of  other  authors,  too  (4-6]  all  different 
methods  implicitly  assume  some  Idealized  form  of  sound  field 
created  by  radiation  from  a  source  in  order  that  sound  pressure 
level  measurements  can  be  interpreted  in  terms  of  energetic 
quantities  (power,  intensity,  etc). According  to  our  experience, 
too,  sound  power  and  intesity  rwasurements  are  the  most  useful 
methods  for  the  noise  emission  investigation. 
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ABSTRACT 

Flat  plates  with  cutouts  of  different  shape  and  orientation  are 
used  in  such  applications  as  space,  console  paneling  and  submerged  veh¬ 
icles.  In  the  present  investigation, the  geometry  and  orientation  of 
cutouts  on  the  acoustic  radiated  power  of  flat  plates  is  studied.  Both 
longitudinal  and  transverse,  single  as  well  as  multiple,  cutouts  with 
different  aspect  ratios  have  been  examined.  Recourse  to  finite  element 
modelling  of  acoustic  medium  is  undertaken.  Unoer  the  assumption  of  un¬ 
bounded  medium,  the  radiat.on  efficiencies  have  been  estimated  in 
water  medium. 

Introduction 

“  Acoustic  radiation  due  to  vibrating  rigid  flat  plate  with  dif¬ 
ferent  sizes  of  cutouts  (single  &  multiple  and  longitudinal  and  trans¬ 
verse)  has  been  studied  using  acoustic  FE  analysis.  Tnis  study  is  in¬ 
tended  to  understand  the  effect  of  cutouts  on  sound  radiation  in  near 
and  farfield  distances  as  encountered  usually  in  many  practical  appli¬ 
cations.  For  illustration,  in  underwater  acoustics,  the  outerhull  of 
submersibles  Wiich  is  generally  made  of  thin  plates  will  have  different 
type  of  cutouts.  The  near  field  and  farfield  radiation  pattern  of 
such  vibrating  plates  is  of  importance  from  the  point  of  view  of  struc¬ 
turally  induced  sonar  self-noise.  Similarly,  some  of  the  panellings 
and  casings  of  large  equipment  can  be  modelled  as  plates  with  cutouts. 

A  cutout  in  a  plate  of  definite  thickness  wiich  is  assumed  to  be  vibra¬ 
ting  in  an  Invlscid  stationary  meolum  influences  the  radiation  in  two 
different  ways  compared  to  a  plate  without  cutouts.  One  direct  effect 
is  that  as  the  surface  area  of  radiation  is  decreasing  due  to  the  pre¬ 
sence  of  cutout  the  radiating  acoustic  power  also  decreases  as  a  func¬ 
tion  of  plate  area.  The  other  effect  is  that  there  exists  an  acoustic 
coupling  between  the  acoustic  modes  formed  in  the  interior  of  the  cut¬ 
out  and  acoustic  radiation  in  the  unbounded  space.  These  aspects  have 
been  discussed  in  this  paper. 

Analysis  of  the  Problem 

It  is  known  from  theory  as  well  as  from  experiments  that  the 
relation  between  structural  vibration  and  radiated  sound  is  rather  com¬ 
plex.  The  general  acoustic  radiation  problem  can  be  formulated  as  boun¬ 
dary  value  problem  of  any  arbitrarily  shaped  body.  As  boundary  condi¬ 
tions,  the  normal  component  of  velcclty  at  any  surface  point  of  tne 
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immersed  object  is  given.  It  can  be  shown  that  a  solution  of  this  ooun- 
dary  value  problem  must  satisfy  the  three-dimensional  wave  equation 
as  well  as  the  Sommerfeld  boundary  condition.  In  case  of  a  plate  with 
cutout,  the  exterior  as  well  as  interior  boundary  conditions  are  requir¬ 
ed  to  satisfy  the  wave  equation  and  a  superimposed  solution  for  both 
exterior  or  interior  domains  is  to  be  formulated.  For  any  radiating 
surface,  the  well  known  Helaholtz  Integral  equation  (eq  (1)  )  gives  the 
pressure  field  at  any  point  as  the  surface  integral  of  a  linear  combi¬ 
nation  of  the  surface  pressure  and  velocity  over  the  radiating  boundary. 

P(R  )  -  j  [KR.)  ^  ^  R  /  Ro)  +  jtop  (ii  /  6.,)]  ds,  U  ) 

Vlihere  is  the  Green's  function  for  external  and  interior 

^  acoustic  problem. 

v(Ro)  is  the  structural  velocity. 

Since  the  only  prescribed  quantity  is  the  surface  velocity,  the 
pressure  being  unknown,  the  pressure  in  the  acoustic  field 
can  only  be  determined  by  allowing  the  field  point,  R  to  approach  the 
radiating  surface  ana  cy  consequently  solving  the  resulting  integral 
equation,  i.e.  Fredholm  integral  equation  of  the  second  kind  for  the 
unknown  surface  pressure  P(R,  ).  It  is  known  that  analytical  solution 
for  the  general  radiation  problem  do  not  exist.  Several  theoretical 
studies  have  been  devoted  to  this  subject  and  have  resulted  in  analy- 
tl4al  formulae  which  are  valid  only  for  a  limited  number  of  relatively 
simple  source  geometries  such  as  axisyn>nietric  structures,  cylinders, 
spheres  and  flat  plates.  Numerical  solutions  such  as  combined  Helmholtz 
Integral  equation  (CHIEF)  are  conceivable  but  rather  complex  due  to 
numerical  instability  problems  with  high  demand  on  computer  power. 

Further,  as  with  most  sound  radiation  problems,  it  is  difficult 
to  evaluate  the  field  at  a  distance  from  the  source  surface  comparable 
with  or  much  less  than  a  source  typical  dimensions.  The  difficulty 
in  evaluating  the  Helmholtz  Integral  for  distances  not  comparable  with 
source  dimensions  is  associated  with  the  fact  that  the  distance,  R  bet¬ 
ween  elementary  source  and  the  source  point  is  generally  a  rather  cc-m- 
pllcated  function  of  the  coordinates  of  the  two  points.  This  leads  to 
errors  in  near  field  estimations.  In  some  of  the  applications,  as  in 
underwater  acoustics,  near  field  radiation  constitute  a  major  source 
and  need  to  be  controlleo.  In  view  of  these  limitations,  recourse  is 
taken  to  acoustic  FE  analysis  to  model  the  flat  plates  with  cutouts  in 
this  article. 

Details  of  FE  Analysis 

The  Finite  Element  modelling  of  a  radiating  structure  can  be  per¬ 
formed  by  surrounding  this  structure  with  fluid  domain,  upon  the  exter¬ 
nal  boundary  of  which  a  prescribed  condition  can  be  imposed.  The  shapes 
and  sizes  of  fluid  finite  elements  must  be  chosen  to  suit  the  particu¬ 
lar  geometry  and  frequency  range  being  Investigated. 

For  the  purpose  of  present  investigation,  an  acoustic  FE  pack¬ 
age,  SCiNDVTJ  (Ref,  1)  developed  at  ^^STL  has  been  used  to  compute  the 
acoustic  radiation.  The  package  essentially  provides  three  types  of 
acoustic  finite  elements,  namely  i-D,  2-D  and  3-D  elements.  The  pressure 
is  considered  as  nodal  variable  and  the  excitation  to  the  acoustic  mo¬ 
del  is  surface  acceleration.  The  boundary  conditionsare  are  Imposed  by 
specifying  radiation  damping  at  tne  boundary  surfaces.  An  essential  re¬ 
striction  :  this  package  is  that  the  finite  element  size  shall  be  limi¬ 
ted  to  0.i>>Ahere  is  the  wave  length  of  acoustic  radiation.  The  flat 
platd  with  cutout  has  been  modelled  using  this  package  varying  the 
size  and  orientation  of  the  cutout.  A  three-dimensional  acoustic  finite 
element  mesh  consisting  of  841  nodes  and  728  elements  was  generated  for 
this  purpose  (Flg.l).  The  dimensions  of  the  plate  are  chosen  to  be 
220  X  120mm.  The  size  of  the  cutout  was  kept  initially  at  22  x  12mm 
which  corresponds  to  0.1  aspect  ratio.  Here  the  aspect  ratio  is  de¬ 
fined  as  the  ratio  of  the  area  of  the  cutout  to  the  area  of  the  plate. 

The  FE  analysis  was  repeated  for  various  aspect  ratios  between  0.1  and 
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0.9.  The  direction  of  cutout  has  also  been  varied  from  longitudinal 
to  transverse  direction.for  various  aspect  ratios.  In  another  model  of 
the  same  plate,  2  .utouts  has  been  solved  for  different  aspect  ratios 
to  knovi  the  effect  if  multiple  cutouts  on  radiation. 

In  all  these  cases,  the  symmetry  of  the  problem  has  been  exploi¬ 
ted  by  modelling  only  quarter  of  tne  plate  and  the  boundary  is  chosen  to 
be  at  a  radius  of  510mm.  The  boundary  was  subjected  to  radiation  damp¬ 
ing  of  the  medium,  i.e.  water  in  the  present  case.  The  surface  of  the 
plate  was  applied  with  specified  accelerations  of  O.Ci  and  0.1  at  fie- 
quencies  of  lOOHz  and  iOJOHz  respectively  which  correspond  to  uniform  ve¬ 
locity  on  the  surface  and  the  radiated  pressures  were  computed  at  the 
two  frequencies.  The  pressures  obtained  were  used  for  estimating  sound 
power,  P  and  radiation  Index, I  using  the  following  formulae: 

P-^-X  I’ 

I  =10  log  (a)  where  as  P/Pesv^ 

wnere  P  is  power  radiated  from  the  plate  witn  surface  arr».  s 

V  is  the  average  root  mean  square  velocity  of  tne  vi¬ 
brating  surface. 

Pc  IS  t.it  characteristic  impedance  ot  the  medium. 

To  check  the  general  accuracy  of  the  software,  the  noise  radiated  by 
simple  geometric  bodies  such  as  pulsating  sphere  has  been  estimated  and 
the  results  have  shown  close  agreement  with  analytical  results.  During 
the  present  investigation  also,  pressure  obtained  at  various  radii  in 
the  far  field,  for  which  analytical  solution  exist  for  the  case  of  a 
baffled  plate  piston,  have  been  computed  and  compered  with  FE  analysis 
results  ano  discussed  in  succeeding  paragraphs. 

Results  and  Discussions 

Cal  The  directivity  pattern  of  acoustic  pressure  variation  for  both 
lOOHz  ano  lOOOHz  in  respect  of  longitudinal  cutouts  are  shown 
in  Figs. 2  to  5  as  a  function  of  aspect  ratio.  The  theoretical 
value  for  zero  aspect  ratio  is  also  plotted  for  the  farfield 
case  (R>  L)  and  found  to  be  in  good  ratagreement.  The  farfield 
directivity  pattern  at  all  aspect  ratios  is  very  nearly  omni¬ 
directional.  In  case  of  nearfield  (R<  L) ,  the  pattern  snown 
radiation  is  predominantly  in  the  tangential  direction  to  the 
plane  of  the  plate  at  all  aspect  ratios. 

(b)  With  cutouts  oriented  in  the  transverse  direction,  the  pattern 
has  not  changed  significantly  frc>m  that  ot  longitudinal  cutout 
(Fig. 6  &  7) . 

(c)  The  variation  of  acoustic  pressure  along  the  central  axis  of  the 
plate  is  plotted  in  Fig. 8  &  9.  Beyond  210mn  i.e.  nearly  length 
of  the  plate,  the  intensity  vary  as  function  of  inverse  of  square 
of  distance  as  expected  and  is  in  good  agreement  with  tneoreti- 
cai  data  in  the  farfield  case.  In  case  of  nearfield,  as  tnore 

is  no  t:!<-ci',  available,  no  tcmpaiiscn  coulo  be  n.ade.  However, 

FE  data  in  the  nearfield  indicate  significantly  hicn  levels  of 
acoustic  pressure  radiation  arc.  may  constitute  major  source  of 
local  noise. 

(d)  The  radiation  pattern  for  multiple  cutout  is  shown  in  figures 
10  to  11.  The  farfield  directivity  pattern  remains  more  or 
less  same. 

(e)  The  radiation  index  computed  is  shown  in  figure  for  differ¬ 
ent  aspect  ratios. 

(f)  Considering  the  nodes  in  the  inner  boundary  of  the  cutout  as 
fixed,  eigen  values  nave  been  estimated  and  given  in  Table  i 
with  theoretical  value  for  same  boundary  condition  (i.e. 

at  the  inner  edge).  The  values  are  in  good  agreement.  In  order 
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TAB1£  1 


t 


EIGEN  VAUJES  OF  CUTCjUT  OF  SI2E  500  x  2  SOW.'. 


Mode 

Theoretical 

Frequency 

(Hertz) 

Computed 

Frequency 

(Hertz) 

(i.O) 

1000.0 

995.9 

(0.1) 

2000.0 

1967.0 

(1,1) 

2236.0 

2360.0 

I  to  establish  any  acoustic  coupling  of  the  cutout  n  transverse  mode,  FE 

I  calculations  were  repeated  at  close  intervals  c*  2Hz  from  990  to 

I  iOlOHz  to  see  any  resonance  phenomenon  in  the  near  and  farfield  raoia— 

I  tion.  No  discernible  variation  has  been  observed  at  first  mode.  Acou- 

I  Stic  coupling  at  higher  order  modes  could  not  be  carried  out  due  to 

I  very  high  computer  time  and  fine  element  mesh  required, 

t  Conclusions 

f  fa]  ^ne  nearfield  radiation  pattern  which  cannot  be  computed  us- 

Iing  usual  analytical  methods  indicate  that  local  radiated  noise 
levels  constitute  a  major  source  of  noise  and  ,s  to  be  taken 
into  account  for  noise  control. 

I  (b)  Multiple  cutouts  radiate  more  or  less  same  acoustic  power  com- 

I  pared  to  single  cutout  for  the  same  aspect  ratio, 
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I  1  "SONDYN"  -  FE  Software  for  Acoustic  Radiation  due  to  Structural 

f  Vibration  -  V.  Bhujanga  Bao,  KVVSS  Murty,  PVS  Ganesh  Kumar, 

I  B.  Mamatha  &  Dr.  SK  Chaudhury,  NSTL  Report,  June  91. 
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ABSTRACT 

The  nodern  iiuaerical  aeans  for  solution  of  various  pioblens 
in  acoustics  allow  for  a  better  deteraination  of  sound  fields  in 
coaplicated  aaterial  bodies.  Hence,  nuaerical  analysis  of  acoustic 
probleas  is  becoaing  a  coaaon  and  even  coaaercial  technique.  In 
this  presentation,  suae  illustrations  of  nuaerical  solutions  in 
acoustics  highlight  the  efficacy  of  these  aethods. 

INTRODUCTION 


I 

f 

% 

I 

f 
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The  available  theories  and  techniques  of  solving  acoustic 
fields  enable  dealing  with  one  to  threte  diaensional  domains  by 
applying  toi  example  the  FUM  (including  the  possibility  of 
triangular  aesh  generation),  and  by  using  integral  methods,  based 
mostly  on  variational  techniques  -  applying  BEM  and  FEM  aethods. 
Numerical  aethods  may  also  help  in  animating  acoustic  fields, 
simply  by  taking  advantage  of  the  large  memory  of  the  new 
generations  of  computers.  Probleas  involvejd  with  infinite  domains 
may  be  treated  numerically  by  using  the  theory  of  non-reflecting 
boundaries,  isolating  the  finite  domain  of  interest.  By  using  the 
BEM  the  need  foi’  non-reflecting  boundary  conditions  aay  be  avoided 
in  soae  problems.  The  material  investigated  might  be  either  fluid 
or  solid  of  any  kind  of  constitutive  relation  or  both.  Also  multi¬ 
domain  acoustic  probleas  aay  be  treated  numerically.  The  diversity 
of  applications  is  enormous  and  includes,  e.g. ,  ataospheric 
acoustics,  environmental  acoustics,  acoustic  non-destructive 
evaluation  (NUE),  active  noise  contx-ol,  investigation  of  elastic 
mountings  with  high  and  low  Young’s  moduli,  room  acoustics  (sound 
levels  and  ray  tracings),  flanking  in  buildings,  mufflers  and 
ducts  analyses.  Fast  numerical  techniques,  such  as  FFT  and  LPC 
help  in  the  deteimination  of  output  signals  and  response 
functions,  respectively.  In  non-Iinear  acoustics  and  huge  domains 
problems  (such  as  in  underwater  acoustics)  parallel  computation 
complexities  are  almost  the  ineviteable  way  to  define  the  sought 
sound  field.  Many  solved  examples  illustrate  the  efficacy  of  the 
numerical  evaluation  of  problems  in  acoustics. 

FINITE  DIFFERENCE  METHODS  FOR  PROBLEMS  OF  COMPLICATED  GEOMETRIES 


^  a.  Rectangular  array  of  finite  differences  with  non-svmmetrical 

»  elelments 

The  use  of  nun-symmetrical  elements  is  common  in  the  vicinity 
^  of  certain  boundaries  or  in  the  cases  where  the  grid  has  to  be 
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uundensed  -  fur  exaaple,  near  a  source.  The  anaiysrs  used  here  fur 
such  eleaents  follows  [IJ.  A  general  description  of  a  rectangulai' 
nun-syaaetrical  finite  difference  eleaent  Is; 


in  case  of  discretization  of  Helmholtz  equation. 

Taylor  expansion  is  done  about  the  relevant  grid  point,  in  the  x 
direction  the  result  is 


The  result  .f.i  y-direcLlon  is  the  same  as  for  the  x-dlrection,  x 
being  replaced  bv  y.  Setting: 

X  =  xo  +  ph  at  point  1, 

X  =  Xfi  -  rh  at  point  3. 
y  =  yo  +  qh  at  point  2, 
y  =  yo  -  sh  at  point  4; 

Omitting  powers  higher  than  2.  defining  the  finite  derivatives 
which  correspond  to: 


B^p  3*’p 

Bx^  By-' 


and  finally,  substituting  the  results  in  Helmholtz  equation  yield 
)uatlon: 

P:  .  Pi 


the  discrete 

field 

iJ 

Pi 

•>1 

hi 

pip+r) 

q(q+r)  r(p+ri  stq+si 


+Kpo  =  0 

Q+si  'pr  W  \c)‘ 


b.  Mesh  of  elements  of  quadrilateral  and  triangular  geometry 

Common  shapes  of  non-rectangular  geometries  are  periodic  and 
symmetric  with  equal  sides  —  such  as  hexagonal  forms.  The  use  of 
Taylor  expansion  allows  the  description  of  the  field  equations  for 
such  finite  differences.  Such  shapes  are  for  example  [21: 
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However,  there  are  nore  flexible  shapes,  still  using  the  f’DM. 
These  methods  were  primarily  and  initially  developed  tor 
calculations  ot  heat  conduction.  E.g..  Uusinberre  13,  4]  has 
developed  arbitrarily  shaped  triangles  which  may  cover  rather 
complicated  areas: 


Dusinberre  suggested  also  annular  segments,  with  which  other  kinds 
ot  complicated  shapes  may  be  descriL>ed: 


i 


2 


The  similarity  in  tlie  numerical  description 
ot  derivatives  is  what  allows  for  borrowing 
the  method  from  ttie  domain  of  heat  conduction 
into  acoustics..  Bhattacharya  [b,6J  began  also 
with  heat  conduction  problems  and  itien 
extended  the  method  in  order  to  solve  pioblems 
in  mechanics.  His  quadrilateral  elements  are 
shaped  by  the  dashed  lines  in  the  toiiowing 
scheme.. 

An  illustration  ot  the  use  of  FUM  toi  duct 
acoustics  IS  given  in  [/J,  using  sound 
absorbing  boundary  conditions  as  defined  by 
Mechei  [81. 
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NOTES  ON  THE  USE  OF  FINITE  ELEMENT  METHOD 

The  finite  eleaent  nethod  is  a  couon  way  of  solving  local 
problems  in  acoustics  where  the  geometry  is  complicated  and 
refined  mesh  is  necessary  at  the  near  field  domain.  An  example  was 
solved  in  [9],  where  the  near  field  effect  of  a  wide  sound  barrier 
near  a  low  source  of  sound  was  examined  by  iso-parametric  F.E.  The 
results  show  clearly  the  near  field  fluctuation  even  over  finite 
impedance  surface.  The  results  have  shown  a  good  correspondence 
on  the  average,  with  the  wide  sound  barrier  theory  by  Pierce  tlOj; 
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Simple  non-retlecting  boundary  conditions  for  problems  with 
infinite  domains  were  used  already  in  [IJ.  Similar  but  mure  exact 
boundary  conditions  are  presented  in  111,12].  In  other  cases,  such 
as  turbojet  inlets  [13],  the  solution  is  aided  by  both  b'.E.  in  the 
near  Held  and  classical  acoustics  solutions  in  the  tar  field: 
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APPLICATION  OF  BEM  IN  2-D  AND  3-D  DOMAINS 

The  BEM  IS  based  on  Helmholtz  integral  equation.  It  allows 
for  a  reduction  of  one  dimension  of  the  problem  at  the  cost  of 
having  instead  of  a  sparse  coefficients  matrix  las  in  the  FEM]  a 
full  one.  It  solves  both  internal  and  external  problems.  A  review 
of  the  method  is  given  rigorously  in  114]  and  applied  in  llbj.  Tfie 
aforementionned  problem  of  a  sound  barrier  over  a  semi  ml  mite 
domain  was  solved  by  the  BEM  as  well, without  need  for  a  definition 
of  a  non  reflecting  boundary  [16,17] .  Elastic  mountings,  used  tor 
the  isolation  of  sound  and  vibration,  may  be  solved  statically  by 
definition  of  their  ‘’spring  constant”,  which  is  related  to  the 
dynamic  coefficient.  The  stress  release  effect  by  using  hollow 
rubber  blocks  was  analysed  in  [18] ; 

I  Square  Hole 

I  Urmtrdne^  Loterd  EMiectpon 


CWt  <-C3JM0 
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boundary  eiesofit  sethed  model 


The  use  ol  B£M  for  3-U  probleas  is  attractive  because  of  the 
reduction  of  one  diaension  [19J.  Non  destructive  KvaiuaLion 
ol  agricultural  products  aay  be  aided  by  3-l>  BKM  120J. 

ARCHITECTURAL  ACOUSTICS 

Sound  level  aapping  in  rouas  was  used  mostly  till  now  I'or 
estiaation  ol  sound  distribution  in  concert  halls  on  the  one  hand 
and  for  noise  estiaation  in  industrial  px-ealses  on  the  other.  Ray 
tracing  aethods  were  used  in  exaalnations  ol  the  el  tacts  ol  the 
shape  ol  the  room  and  absorption  arrangement  on  the  reverberation 
characteristics  and  decay  curve,  using  the  integrated  iapulse 
method in  this  context  also  the  Monte  Carlo  approach  was 
preterred.  Examining  the  aean  free  path  by  this  last  method  yields 
very  good  results  and  it  is  very  elficient  in  estimation  of 
reverberation  in  arbitrarily  shaped  rooms  122J.  Another  approach 
IS  based  on  mapping  stationary  noise  levels  in  order  to  define  the 
influence  domains  ol  noise  sources.  Such  a  study  ol  the  location 
of  open  windows  in  living  rooms  is  given  in  [22J: 


Roqn  Structure  *  Internal  sources 


VARIATION  OF  ACOUSTIC  FIELDS  IN  TIME 

Computer  simulation  in  time  steps  is  a  very  effective  method 
in  order  to  discover  some  general  acoustic  phenomena  which  appeal 
while  dynamic  events  occur.  For  example,  it  has  been  found  that 
generalization  ol  the  sound  1 leld  radiated  by  a  moving  soui ce 
along  curved  lines  is  involved  with  a  clear  appearance  of  an 
effect  which  is  similar  to  that  ol  the  Doppler  effect  12JJ: 
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THE  USE  OK  LPC  ANU  FFT  IN  SOUND  TRANSMISSION  ANALYSiS 

[HA]  IS  an  exanpie  ot  the  appJLxcatj.on  of  FFT  and  LHC  methods 
in  speech  analysis.  The  Fast  Fourier  Transform  yields  frequency 
spectra  fur  given  signals.  It  may  represent  speech  output  in  the 
frequency  domain  tor  a  certain  duration  and  is  a  result  of  both 
the  input  signal  and  the  filter  (the  vocal  tract).  On  the  other 
hand,  the  Linear  Predictive  Coding  yields  the  response  function  of 
the  vocal  tract.  Following  is  an  illustration  of  the  vowel  /o/: 


560  1120-  1680  '22«l  2800  3360  3820  <I<»80  SO'IO  5600  6160  672 


SUMMARY 

A  myriad  of  publications  on  numerical  prediction  of  sound 
fields  are  already  available,  including  commercial  programs  which 
relate  to  acoustics.  Only  a  few  of  them  were  mentioned  here.  These 
developing  possibilities  may  help  a  variety  of  problems  in  any 
dimensions,  one  Is  recommended  to  master  those  techniques  In  order 
to  develop  better  understanding  of  the  physical  aspects  of 
acoustics,  to  have  more  accurate  solutions  to  sound  fields  and  to 
find  new  applications  which  necessitate  such  exact  solutions.. 
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ABSTRACT 

The  analysis  of  the  noise  measured  in  liquid, at  the  discharge  section  of  some 
pumps  aliniated  to  ISO  2858, working  in  normal  conditions  without  cavitation, shows 
the  appearence  of  some  peaks  of  acoustical  level  situated  at  the  resonance  fre¬ 
quencies  of  the  pump  impeller. The  calculations  show  the  possibilitie  that  in  the 
ventral  zones, some  values  of  the  dynamic  pressure  components  are  situated  under 
the  value  of  the  statical  pressure  of  the  fluid, this  bringing  to  the  appearence 
of  some  cavitation  zones;so  are  confirmed  the  results  of  other  authors  /l/,/2/, 
/4/  who  studied  cavitation  in  the  domain  of  audible  frequencies, the  new  elements 
being  the  identification  of  a  cavitation  generating  source  which  is  not  mentioned 
in  the  known  literature. 


INTRODUCTION 

It  is  known  that  the  cavitation  phenomenon  consists  in  the  appearence  and  the 
implosion  of  some  vapour  bubles  in  a  liquid, eased  by  the  decreasing  of  the  pres¬ 
sure  under  the  level  of  vapourisation  pressure. 

The  local  high  pressure  which  appear, 
are  accompanied  by  phenomena :mechanical, 
acoustical , thermical .electrical  and 
others, bringing  to  the  damage  of  the  ma¬ 
terial  of  the  wall  in  long  of  wich  takes 
place  the  bubles  implosion.lt  was  found 
/l/,that  the  main  zones  of  a  centrifugal 
pump  impeller  affected  by  cavitation  are 
those  presented  in  fig. 1, where  k, ,k2,kj 
are  situated  in  the  vicinity  of  the 
entrance  in  the  impeller  blades, on  the: 
intrados.extrados  and  inner  surface  of 
the  front  disc, also  k.  and  k^  are  situ¬ 
ated  the  long  of  the  Blade. 

The  working  of  the  pump  in  normal  conditions, without  cavitation.exeptjthe  limit 
of  alteration  of  the  pumping  head  with  5%, is  conditioned  by  the  relation: 

NPSHg  >  NPSHj,  (1) 
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in  which:  NPSH  is  the  energy  expntned  in  meters, assured  by  the  installation 
at  the  suction^flange  of  the  pump  and  NPSH  is  the  energy  needed  by  the  pump 
to  work  without  cavitation. The  values  of  ^  NPSH  are  proper  to  each  pump 
and  are  experimentally  established. 


VIBROACOUSTIDCAL  MEASUREMENTS 


In  the  same  time  with  the  experimental  measurements  of  the  hydrodinamical 
functional  parameters  of  a  pump  type  TN  150-125-315  with  the  nominal  flow  of 

10D  m’/h  and  the 
head  of  120  m, pumping 
potable  water  at 
18°C  were  made 
recordings  of  the 
pressure  oscillations. 
The  recorded  signals 
on  magnetic  tape, con¬ 
taining  useful  signal 
and  ground  noise 
(s+z),were  analysed 
using  Bruel  &  Kjaer 
instruments.. 

In  order  to  obtain 
the  useful  signal 
(s)  due  to  the  flow, 
the  recordings  of  the 
disturbing  effect 
of  the  noise  (z), 

originated  from  other  sources, were  corrected  using  the  spectra  difference: 
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The  spectrogram  obtained  in  the  mentioned  conditions, accomplishing  the 
condition  (l),is  presented  in  fig. 2. 


RESULTS  OF  MODAL  ANALYSIS 

Using  proper  instruments, were  determined  the  own  frequencies  of  the  impeller 
and  were  identified  the  frequencies  at  which  appear  the  resonance  peaks, by 
excitation  in  the  frquency  domain  of  (2o-20k)  Hz, fig. 3. 

The  comparison  of  the  signals  contained  in  the  spectrograms  mentioned  in 
fig. 2  and  3, shows  the  presence  of  some  signal  peaks  situated  at  the  same  values 
of  the  frequencies, this  indicating  the  fact  that  these  peaks  of  the  fig. 2  can 
be  generated  by  the  resonant  behaviour  of  the  impeller, excited  by  the  flow 
itself. 

For  the  mentioned  frequencies  were  determined  the  impeller  natural  vibrating 
modes, using  a  laser  holographical  installation. 

In  fig. 4  is  presented  the  fringes  pattern  coresponding  to  the  excitation 
frequency  of  6635  Hz. 
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THE  CALCULATION  OF  THE  MINIMAL  PRESSURE 

The  attention  was  concentrated  on  the  entrance  in  the  impeller  blades 
zone, situated  on  the  front  disc. Each  point  displacement  was  calculated  /3/, 
using  the  relation: 

d  =  o,25.n.X/(  COS0,  +  cos ©2)  O) 

in  which:  n  is  the  order  num¬ 
ber  of  the  fringe,  X  is  the 
laser  lenght,©,  and  ©23^6 
the  angles  between  the^mo- 
ving  direction  and  the 
viewing  direction, respectivelly 
the  iluminating  direction  of 
the  impeller  in  the  hologra- 
phical  experiment. 

In  the  liquid, these  displace¬ 
ments  generate  pressure  waves 
with  the  value  given  by  the 
relation: 
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p  =  Z.v 


(0 


in  which:  Z  is  the  mecnanical  impedance  of  the  water  and  v  is  the  considered  point 
moving  speed. The  pressure  oscillations  take  place  around  the  static  pressure  p^  of 
that  point, and  for  a  given  frequency  f,  the  peak  value  is  given  by: 


^max 


2.l/.Z.f.d 


(5) 


So, exists  the  possibility  of  cavitation  appearence  in  the  moments  in  whicn  the 
negative  peak  value  of  the  pressuie  wave  is  under  the  value  of  the  vapourisation 
pressure, fig. 5, meaning  that: 


0  i-  p  -  p  (6) 

^max  ^  ^s  ^v 

Because  in  the  pump, the  inferior  energetic  limit  admited  is  NPSH  and 
NPSH  I  p  ,the  condition  (6)  can  be  written: 

3  S 

Pmax"-'‘'’SH3.NPSH^  (7) 

CALCULATED  VALUES 

For  the  frequencies  marked  on  the  spectrograms, were  calculated  the  difference 
values: 

D  =  (  NPSHg  -  NPSHj.  )  -  Pn,p,  (8) 

and  the  results  written  in  the  table  1. 

For  the  calculations  were  considered: ,0i=25°  ,NPSH  =10  m,  NPSH  =5  m,the 
nominal  flow  180  m*/h,  Z  =  l,483.1o*  kg.s'.m"*. 


table  1 


f  IHz) 

1136 

1498 

2225 

7964 

6635 

10442 

10882 

11424 

pmox  Iml 

0.47 

0.75 

1.3 

1.99 

4,46 

7.9 

8.29 

9.6 

0  Im) 

4,53 

4,25 

3.7 

3, Cl 

O.St 

-2.9 

-3.29 

-4.6 

SUMMARY 

From  the  values  contained  in  the  table  1,  it  results  the  existence  of  a  frequency 
over  which  it  is  possible  the  appearence  of  the  local  cavitation  ,even  for  working 
in  normal  conditions. 

Increasing  the  flow, increases  the  possibilities  to  appear  the  local  cavitation 
as  a  result  to  the  increasing  of  NPSH  . 

The  presented  inv stigation  methodxan  be  extended. 

The  authors  intend  to  extend  the  investigations  on  other  zones  and  also  intend 
the  demonstration  by  other  methods  of  the  local  cavitation  presence  in  the  consi¬ 
dered  zones. 
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p  =  Z.v 


(0 


in  which:  Z  is  the  mechanical  impedance  of  the  water  and  v  is  the  considered  point 
moving  speed. The  pressure  oscillations  take  place  around  the  static  pressure  p  of 
that  point, and  for  a  given  frequency  f,  the  peak  value  is  given  by: 


p 

'^max 


(5) 


So, exists  the  possibility  of  cavitation  appearence  in  the  moments  in  whicn  the 
negative  peak  value  of  the  pressuie  wave  is  under  the  value  of  the  vapourisation 
pressure, fig. 5, meaning  that: 


Pmax  Ps  -  Pv 

Because  in  the  pump, the  inferior  energetic  limit  admited  is  NPSH  and 
NPSH  =  p  ,the  condition  (6)  can  be  written:  ^ 

o  S 

Pmax^'-'^PSH^-MPSH^  (7) 

CALCULATED  VALUES 

For  the  frequencies  marked  on  the  spectrograms, were  calculated  the  difference 
values: 


0  =  (  NPSH  -  NPSH^  )  -  (0) 

O  r  FTir  < 

and  the  results  written  in  the  table  1. 

For  the  calculations  were  considered :S»=32°  ,NPSH  =10  m,  NPSH  =5  m,the 

nominal  flow  180  m*/h,  Z  =  l,483.1o*  kg.s'.m"*.  ®  ^ 


table  1 


f  IHz) 

1136 

1498 

7ZZ5 

2964 

6635 

10442 

10882 

11424 

pmax  Iml 

0,47 

0.75 

1.3 

1.99 

4,46 

7.9 

8.29 

9,6 

D  (m) 

4.53 

4.75 

3.7 

3, Cl 

O.Sfc 

-2.9 

-3.29 

-4.6 

SUMMARY 

From  the  values  contained  in  the  table  1,  it  results  the  existence  of  a  frequency 
over  which  it  is  possible  the  appearence  of  the  local  cavitation  .even  for  working 
in  normal  conditions. 

Increasing  the  flow, increases  the  possibilities  to  appear  the  local  cavitation 
as  a  result  to  the  increasing  of  NPSH  . 

The  presented  investigation  methodxan  be  extended. 

Ttifc  authors  intend  to  extend  the  investigations  on  other  zones  and  also  intend 
the  demonstration  by  other  methods  of  the  local  cavitation  presence  in  the  consi¬ 
dered  zones. 
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Fig.  1  Expcrimenlal  scl-up.  1  —  Hc-Ne  laser; 
2,  2’  —  objectives;  3  —  posilionsensilivc  sensor;  4  — 
piczoclcmeni  with  mirror;  5  —  differential  amplifier; 
6  —  lock-in-amplifier;  7  —  generator;  8  —  vollmelcr;, 
9  —  attenuator. 
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Fig  2  Experinieiilal  results.  Vibralion  ampliiiide  of 
pic/oelcment  surface  vs  applying  voltage  The  curves  A  — 
C  vibiationampItliideswIienOinV.SmVand  iSmVapplicd 
to  piezoclemcnt,  respectively.  tx>ck-in-amplifier  time  con¬ 
stant  IS  equal  to  8  s 


This  signal  is  amplified  by  the  low-noise  differential  amplifier  and  further  goes  to  the 
lock-in-amplifier  input.  Constructed  device  could  detect  optical  signals  from  any  surfaces, 
but  for  good  sensitivity  and  accuracy  of  the  measurements  it  is  better  to  use  mirror-reflected 
surfaces. 

When  piezoelements  were  tested,  a  small  slice  of  mirror  was  attached  to  it’s  surface. 
Piezoelement  was  excited  by  the  generator  which  has  output  frequency  210  Hz.  The  experi¬ 
mental  results  are  given  on  Fig.  2. 

Amplitude  vibralion  dependance  of  piezoclement  on  excited  signal  level  is  a  linear 
dependance  up  to  30  V.,The  measurement  result  of  sensitive  limit  is  given  on  Fig.  2.  The  line 
A  corresponds  to  zero  signal  (integration  time  of  lock-in  is  8  s) ,  and  lines  B  and  C  correspond 
to  excited  signal  level  8  mV  and  18  mV  respectively.. 

We  can  see  that  signal-to-noise  ratio  is  about  3-5  units  for  line  B.  The  independent 
measurements  have  shown  that  vibration  amplitude  of  tested  piczoelement  is  0.2 /im  when 
supplied  voltage  is  lOOV  (f  =  210Hz).  From  above  we  can  sec  that  vibration  amplitude  limit 
is  about  0.1  A  (lock-in  detection).. 

Seismic  vibration  and  external  acoustic  waves  arc  the  main  sources  of  noise  disturbance. 
To  improve  the  sensitivity  further  it  is  necessary  to  make  acoustic  and  seismic  isolation  of 
this  set-up.  So  this  very  set-up  permits  to  make  measurements  of  solid  state  surface  vibralion 
of  high  sensitivity  and  linearity. 
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ABSTRACT 

A  study  on  nonlinear  random  vibration  of  the  vehicle  system  is  made.  First,  the  nonlinear 
element  models  of  the  leaf  springs,  shock  absorber,  jounce-stop  and  wheel-hop  are  given  in  this 
paper.  The  nonlinear  model  of  the  whole  vehicle  is  obtained  by  the  nonlinear  modal  synthesis 
technique.  Also,  an  Improved  Statistical  Linearization  Method  ISLM  is  proposed.  The  complex 
modal  analysis  method  is  used  to  solve  the  ISLM  equivalent  equation.  Calculation  procedures  for 
truck  CA150  are  made  and  a  road  test  is  made  to  verify  the  above  approach. 

A  new  optimizing  procedure  for  nonlinear  systems  is  developed.  It  reduces  the  design 
variables  and  computing  time.  Also,  it  can  be  used  to  solve  problems  where  the  optimal 
parameters  vary  with  changing  conditions. 

'INTRODUCTION 

Investigation  of  the  vibrations  of  modem  vehicles  concentrates  nowadays  into  a  rather 
broad  frequency  range  in  which  the  non-rigidity  of  their  structures  and  components  and  non¬ 
linearity  of  their  elasto-damping  elements  play  a  very  important  role.  In  fact,  a  vehicle  system 
subjected  to  the  excitation  of  road  roughness  is  a  nonlinear  random  vibration  system.  In  solving 
nonlinear  random  vibration  problems,  one  of  the  effective  approximation  methods,  statistical 
linearization  method-SLM,  is  known  to  have  high  computing  efRdency  and  less  limitation[l][2}. 
A  lot  of  effort  has  been  made  towards  the  development  of  this  method  [3][4](5],  and  it  is 
extensively  used  in  engineering  calculation;  However,  in  the  c^  of  the  presence  of  hysteresis 
damping,  further  modification  of  the  Conventional  statistical  Linearization  Method-CSLM  is 
needed.  Moreover,  the  optimiution  of  linear  systems,  based  on  the  SLM,  is  usually  not  easy  to 
perform  because  of  too  many  variables  to  optimize,  lion-unique  solution  of  nonlinear 
parameters  under  a  given  input  condition,  and  different  linear  optimal  solution  under  different 
input  conditions. 

In  order  to  solve  these  problems,  in  the  work  presented  here,  a  nonlinear  vehicle  model  is 
established,  and  the  Improved  statistical  Linearization  Method-ISLM  is  used  rather  than  CSLM. 
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A  new  procedure  for  the  optimization  problem  is  given  and  the  optimization  of  nonlinear 
vehicle  vibration  is  performed  from  the  standpoint  of  riding  comfort. 

THE  NONLINEAR  VEHICLE  MODEL 

Nonlinear  Modal  Synthesis  of  Vehicle  Systems 

In  nonlinear  modeiling  of  the  whole  vehicle  system,  the  following  assumptions  are  made: 
1}  Each  component  or  part  is  either  an  elastic  body  or  a  rigid  mass. 

2)  The  interconnecting  elements  between  these  components  or  parts  are  massless  either 

nonlinear  or  linear  two  force  elements.  Also,  they  are  divided  into  external  elements 
which  connect  with  external  excitations  and  internal  elements  which  do  not  connect 
with  external  excitations. 

3)  Only  constant  driving  speed  is  considered;  the  road  excitation  is  considered  stationary 
Guassian . 

The  modal  synthesis  technique  is  adopted  to  establish  the  whole  vehicle  model.  The 
vehicle  is  divided  into  m  subsystems  and  the  equation  of  motion  of  each  subsystem  is  written  as 

MjXj  +  CjXi  +  KjXj  =  Ri(t)  -  fj(t)  i=l,  2, . .  m  (1) 

where  ,  for  ith  subsystem,  Mj,  Gj  and  Kj  are  the  mass,  damping  and  stiffness  matrices ;  Xj  =  {xji, 
...i,  Xjnj)^  is  the  generalized  coordinate  vectors ;  ni  the  number  of  the  generalized  coordinate.  Rj(t) 
is  a  vector  composed  of  zero  and  forces  of  external  elements  acting  on  ith  subsystem;  fj(t)  is  a 
vector  composed  of  zero  and  forces  of  internal  elements  acting  on  ith  subsystem. 

The  dynamic  equation  of  the  whole  nonlinear  vehicle  system  can  be  written  as 

MQ+CQ  +  KQ=H'TR.»pTf  (2) 

where  Q  is  the  system  modal  coordinate  vector; 

M  =  diag(..,  Mqi,..);  C  =  diag(..,  CQj,..);  K  =  diag(..,  KQj,..);  =  diag(..,  Vj,..);  R  =  (..,  Rj’’’,  ..f; 

f  =  (••/  fi^/  Mgj  =  tifj’^’MjVj;  Cqj  =  Vj’^GjVj;  Kqj  = 

is  the  modal  matrix  of  ith  subsystem. 

The  vehicle  model  desaibed  by  Eq.  (2)  can  be  used  in  general  cases  provided  the  nonlinear 
forces  and  surface  restriction  between  systems  is  given. 

Nonlinear  Models  of  Interconnecting  Two  Force  Elements 

In  this  paper,  four  kinds  of  npnlinearities  are  considered.  These  are  leaf-springs  and  shock 
absorber  nonlinear  restoring  forces,  and  the  nonlinearities  of  jounce-stop  and  wheel-hop. 

Through  the  testing  and  characteristic  analysis,  an  exponential  model  of  the  leaf-springs  is 


established 

below.  As  shown  in  Figure  t. 

loading 

f(5, 5)  =  fu{5)  =  Fenu(8)  ' 

8>0 

unloading 

f(8, 8)  =  fi(8)  =  Fenl(5)  +  Ci(R)cWR-6) 

8<0 
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Cu(R)  =  Fenu(-R)-Fenl(-R) 


Cu(R)  =  Fenu(-R)-<I»i(-R) 


Ci(R)  =  Fenl(R)-Fenu(R) 
FenuW)  =  au  +  I'uS 


Q(R)  =  Fenl(R)-<I>u«) 
ReNlW)  =  ai  +  ki8 


where  5  and  S  are  the  relative  displacement  and  velocity  of  the  suspension;  R  is  the  amplitude  of 
5;  fu(S)  and  fi(5)  are  the  restoring  forces  with  respect  to  the  loading,  unloading  processes;  Pu'  Ph 
au'  ai,  ky,  and  k^  are  the  parameters  determined  by  curve  fitting  technique;  fu(8)  is  the  trace  of  the 
point  from  which  8  >0  turns  to  8  <0  when  the  leaf-springs  are  partially  locked;  fi(8)  is  the  trace  of 
the  point  from  which  8  <0  turns  to  8  >0. 

A  model  of  the  shod  absorber,  using  power  terms  a  and  P/  Is  set  up  below  by  experimental 
results  of  the  damping  ptoperty. 


extension 


.  fa8«  0<8<8o  [bISiP  0<8<i 

S>^  compre»io»  W-jdij, 


where  8  is  the  relative  velocity  between  two  ends  of  the  shock  absorber;  8o  is  the  unloading 
velocity;  a,  b,  c,  d,  o  and  p  are  parameters  determined  by  the  regression  method. 

Considering  the  case  of  jounce-stop  generated  by  the  suspension  bump,  the  restoring  force 
model  is 

f(5, (5) 
lo  8<s 


where  8  and  8  are  the  relative  displacement  and  velocity  of  the  suspension;  s  is  the  spacing 
distance  of  the  suspension. 

The  tire  is  approximated  as  a  linear  elasto-damping  element.  The  nonlinearity  of  the 
wheel-hop  is  described  by 


.  fkt8  +  ct8  kt8  +  C(85P 

f(5,8)  =  |p  kt8  +  ct8>P 


where  8  and  8  are  the  relative  displacement  and  velocity  of  the  tires;  k^  and  Ct  are  the  stiffness  and 
damping  coefficients  and  P  the  static  load  of  the  tire. 

NONLINEAR  SYSTEM  RESPONSE  USING  ISML 


Improved  Statistical  Linearization  Method 

The  idea  of  Conventional  Statistical  Linearization  Method  -  CSLM  is  letting  a  set  of  linear 
equations  with  linear  viscous  damping  and  stiffn^s  to  be  equivalent  to  the  nonlinear  equations. 
The  leaf-springs  possesses  the  hysteresis  damping  property.  The  equivalent  model  of  hysteresis 
damping  is  given  in  Eq.  (7).  The  advantage  of  using  Eq.  (7)  is  givish  in  the  previous  work  (61. 
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Fs(‘)  =  gxh 


If  1 

=  g-  x(t)— dT 

It  }  t-x 


xh  =  H(x) 


where  g  is  called  the  structural  damping  coefficient;  and  H  is  the  Hilbert  transform. 

Therefore,  considering  a  nonlinear  system  with  n  DOF, 

Dl(x)  =  Mx  +  Cx  +  Kx  +  f(x,  x)  (8) 

where  M,  C  and  K  are  the  mass,  damping  and  stiffn^s  matrices;  f(x,  x)  is  the  nonlinear  force 
vector. 

If  the  linear  function 

h(x,  X,  Xh)  =  CfeX  +  kgx  -  geXh 

where  c,  k  and  g  are  the  equivalent  viscous  damping,  stiffness  and  structural  damping,  is  used  as 
the  equivalence  of  f(x,  x),  then  the  corresponding  linear  system  is 

D2(x)  =  Mx  +  Cx  +  Kx  +  c^  +  keX  -  geXh.  (9) 

The  difference  in  the  two  system  Eqs.  (8)  and  (9) 
e  =  f(x,  x)  -  c^  -  kgx  +  fexh. 

By  minimizing  Efe'^^e],  i.e., 

E(e^e]  -» min, 
it  can  be  proven  that 


EfLik(yik/yik)yikl  Ep^k^yilo  yik)yik] 


E[Pik(yik>yik)yhikI 

Efyhil] 


where  y|)(=  x^-x^  is  the  relative  displacement  of  ith  mass  to  kth  mass;  Lih  is  the  force  of  the 
element  with  viscous  damping  between  ith  and  kth  masses  acting  on  ith  mass;  Djh  is  the  force  of 
the  element  with  structural  damping  between  ith  and  kth  masses  acting  on  ith  mass. 

As  shown  in  Eq.  (10),  each  equivalent  coefficient  is  the  function  of  the  response  statistical 
characteristics.  Ihe  solving  process  is  a  reiterative  process. 

Complex  Modal  Response  Calculation  and  Verification  of  the  Theory 
The  dynamic  equation  in  the  frequency  domain  is  written  as 

(-(i)2m  +  jto(ce+c)  +  kg+k  +  jgg  sgn((o)]  X{to)  =  Ffa)  (11) 

where  F((o)  is  the  Fourier  transform  of  the  force  function.  Without  losing  the  generality,  assume 
c  s  0,  k  s  0.  Since  X(o))  possesses  Hermitian  property,  i.e., 

X’fo))  =  X(-<i)), 

only  the  case  of  (o  >0  is  discussed  below. 


Eq.  (11)  is  rewritten  in  the  first  order  form 


I 

i 


» 


joAV  +  BV  =  Fy 


(12) 


where  V 


f  X((o)  1 
'  lj(0X(tB)J ' 


0 

-M 


}■ 


By  solving  the  eigen-problem  of  Eq.  (12),  one  can  obtain  2n  complex  eigenvalues,  Xj,  X2, 
and  their  corresponding  eigenvectors  Vj,  Vj#  ••••/  ¥21,  • 


^‘20/ 


Setting  ^  =  (V,,V2, 
then, 

X((o)  =  ♦,(Ajcu  +  B)'l4>/F(<i)).  '  (13) 

From  Eq.  (13),  the  mean  square  response  of  each  point  can  be  obtained. 

From  a  riding  comfort  point  of  view  and  based  on  the  above  vehicle  nonlinear  model  and 
the  solving  method,  a  numerical  program  is  developed.  A  simplified  truck  model  of  three 
subsystems  and  seven  DOF  as  shown  in  Figure  2,  is  used  to  operate  the  simulation  calculation. 
All  parameters  used  are  obtained  by  experimental  measurement.  The  frequency  range  is  chosen 
within  0.9-»25  Hz. 

In  order  to  verify  the  model  and  compare  the  results  of  ISLM  with  CSLM,  a  road  test  of 
riding  comfort  is  made.  The  predicted  and  experimental  acceleration  spectra  using  the  equivalent 
structural  damping  model  are  given  in  Figure  3.  It  can  be  seen  that  the  theoretical  results  agree 
quite  well  with  the.  experimental  ones  so  that  the  effectiveness  of  the  vehicle  model  and  the 

ISLM,  proposed  here  are  proven.  Hgure  4  gives  the  comparative  results  using  the  equivalent 
viscous  damping  model  for  suspensions.  The  error  bctweeif  predicted  and  experimental  results 
for  the  front  axle  acceleration  spectrum  is  latger  when  the  equivalent  viscous  damping  model  is 
used  than  when  the  equivalent  structural  damping  mi^el  is  used.  This  shows  that  ISLM  is  more 
satisfactory  in  treating  hysteresis  damping  elem'-nts  than  CSLM. 


••'V2ni=|4^ 


•,  v’’A\y=A  \|/*^B\jf=B, 


THE  NONLINEAR  PARAMETER  OPTIMIZATION  OF  SUSPENSIONS 


Difficulties  always  exist  when  the  nonlinear  parameters  of  suspensions  are  optimized 
directly  based  on  SLM.  These  difficulties  oie  in  the  form  of  too  many  variables  to  optimize,  non- 
unique  solution  of  ■  mlinear  parameters  under  a  given  input  condition,  and  different  linear 
optimal  solution  uii^er  different  input  conditions.  Therefore,  a  new  optimization  procedure  is 
developed  here,  which  requires  first,  obtaining  equivalent  linear  parameters,  and  second 
identifying  the  nonlinear  parameters  by  results  of  linear  optimization. 

Optimization  of  Linear  Systems 

The  same  vehicle  model  in  Figure  2  is  used  and  the  linear  n.athematical  model  is 
described  by  Eq.(9).When  considering  the  case  without  shock  absorbers  in  rear  suspensions,  the 
design  variables  can  be  written  as 
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(14) 


Z  =  (k,,gf,c,,k^g/ 

where  k^.,  Cj  and  gj  are  the  equivalent  stiffness,  viscous  and  structural  damping  of  the  front 
suspension;  k^.  and  g^  are  the  equivalent  stiffness  and  structural  damping  of  the  rear  suspension 
The  global  objective  function  is  and  the  optimization  problem  is  given  by 

4 

minimize  gHz)  =  I  (G^CZ)/  y-j  +  Ypj  +  0^^(Z)/  ygj)  (15) 

sub;  >cted  to  a  =  g(Z)  <  5°  Z,  <  Z  < 

where  Zj  and  Z^  are  the  lower  and  upper  limit  vectors  of  design  variables;  Ojjj’  is  the  mean 
square  vertical  acceleration  of  ith  point  of  vehicle;  is  the  mean  square  dynamic  force  of  ith 

‘y  * 

wheel;  Ogj  is  the  mean  square  dynamic  deflection  of  ith  suspension;  y^jj,  ypj  and  ygj  are 
weighting  factors  corresponding  <Jpj^,  and  Ogj^;  a  is  the  body  transverse  angle  which  can  be 

calculated  from  methods  in  the  literature  [7]  The  complex  method  is  used  for  the  inequality 
constraint  problem. 

The  Optimal  Nonlinear  Parameters 

After  obtaining  n  sets  of  optimal  equivalent  linear  suspension  parameters  Zj  for  certain 
input  conditions,  system  identification  theory  is  adopted  to  determine  the  optimal  nonlinear 
optimal  parameters. 

The  idea  is  to  detern-ine  the  optimal  nonlinear  parameters  by  minimizing  the  error 
between  esti.nated  values  of  global  (all  input  conditions)  optimal  linear  parameters  and  the 
existing  local  (one  input  condition)  linear  equivalent  parameters. 

Assume  a  system  shown  below 


Zi 

systen;  poromelers  I 

Xi 

A  r- 

to  be  identify  . 

where  is  the  response  statistic  characteristics  corresponding  to  Z^  and  n  is  the  number  of  input 
conditions. 

From  statistical  linearization  theory  the  relation  between  nonlinear  parameters  to  oe 
identify,  and  equivalent  linear  parameters  is 

Z,  =  f  (  A,  X, )  i=l . .  n  (16) 

where  A  =  (a,, ....,  a^^^)^  includes  the  nonlinear  suspension  parameters  to  be  identify.  If  m  =  n,  the 
unique  solution  of  A  can  be  obtained  from  Eq.  (16)  For  a  general  case,  n  >  m  usually  be  used. 

Optimization  Results 

The  optimization  results  of  the  frame  (front  and  rear  ends)  acceleration  mean  square 
spectrum  are  given  in  Figure  5.  It  can  be  seen  that 


1532 


1)  the  acceleration  mean  square  spectrum  in  the  rear  end  of  the  frame  decreases. 

2)  the  peak  values  in  the  front  end  of  the  frame  decrease. 

Resit' ts  of  wiieel  dynamic  forces  show  that  both  front  and  rear  wheel  mean  square  spectra  are 
reduced. 

CONCLUSIONS 

1  The  models  of  four  kinds  of  nonlinear  forces  are  established,  and  a  vehicle  nonlinear  dynamic 
model  is  constructed  by  nonlinear  modal  synthesis  technique 

2.  A  Improved  Statistical  Linearization  Method  is  given,  which  is  more  satisfactory  to  treat  the 
hysteresis  damping  mechanism  than  CSLM 

3  A  new  optimization  procedure  is  developied  for  nonlinear  parameter  optimization  It  reduces 
the  design  variables  and  computing  time,  ana  also  can  be  usee’  to  obtain  the  optimal  nonlinear 
parameter^  for  different  input  conditions 
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Figure  I.  I^af-springs  restoring 
force  illustration 
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Figure  2  Vehicle  riding  comfort 
analysis  model 


HHz)  f(Hz) 

a  rront  axle  acceleration  spectrum  b.  front  frame  acceleration  spectrum 

Figure  3.  Experimental  and  predicted  I'Sults  using 
structural  damping  cquivalciit  model 
-  experimental  curve - predicted  curve 
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Figure  4.  Experimental  and  predicted  results  using 
viscous  damping  equivalent  model 
-  experimental  curve - predicted  curve 
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ABSTRACT 

Experimenta!  and  analytical  methods  were  used  to  investigate  automobile  wind  noise.  A  simplified 
model  of  an  automobile  side  window  was  subjected  to  wind  tunnel  tests.  The  effects  of  window 
thickness  and  edge  conditions  on  the  transmitted  wind  noise  level  were  investigated.  The 
measurements  showed  that  neither  plate  thickness  nor  edge  conditions  had  rruch  effect  on  the  level  of 
transmittec  noise.  Damping  of  the  window  edges  was  found  to  be  an  important  parameter  at  low 
frequencies.  The  transmitted  noise  level  was  predicted  with  a  Statistical  Energy  Analysis  (SEA)  model, 
which  used  an  empirical  expression  for  the  fluctuating  pressure  on  the  automobile  side  window.  The 
analytical  prediction  method  was  successful  at  predicting  the  frequency  distribution  of  transmitted  noise 
very  closely,  and  it  predicted  the  absolute  levels  to  within  1 0  dB. 

INTRODUCTION 

Automobile  wind  noise  is  an  old  subject  (1),  but  one  that  has  become  of  more  pressing  interest  in 
recent  years.  As  automobile  engines,  transmissions,  and  tires  have  become  quieter,  wind  noise  has 
become  more  noticeable,  particularly  at  higher  speeds.  Hence,  an  automobile  manufacturer  would  like 
to  know  what  design  parameters  affect  the  wind  noise  levels  heard  by  the  passengers.  Prediction 
methods  to  date  have  been  rather  ad  hoc  in  nature,  and  of  limited  success.  The  next  level  of  analyses 
will  need  to  consider  the  details  of  the  physics  at  work  in  the  generation  and  transmission  of  automobile 
wind  noise. 

The  transmission  of  aerodynamicaliy-generated  noise  through  panels  in  automobiles  consists  of 
three  parts.  First,  there  are  wall  pressure  fluctuations  due  to  the  flow  over  the  extenor  surface.  The  flow 
may  be  attached  or  separated.  Next,  these  wall  pressure  fluctuations  cause  the  automobile  body  panels 
to  move  and  vibrate,  the  second  part  of  the  process.  Third,  the  vibrating  wall  panels  radiate  sound  into 
the  interior  of  the  vehicle.  Actually,  one  could  consider  a  fourth  part  to  this  process,  the  interaction  of  the 
interior  of  the  vehicle  interior  cavity  with  the  vibrating  and  radiating  panels.  It  will  not  be  accounted  for 
here  for  the  sake  of  simplicity.. 

This  study  focuses  on  the  side  window  of  an  automobile.  The  automobile  side  window  is  typically  a 
major  wind  noise  source  because  it  is  located  rather  near  the  passenger's  ears,  and  consists  of  a  single, 
thin  layer  of  glass.  The  experimental  work  attempted  to  simulate  the  generation  and  transmission  of  flow 
noise  through  the  side  window..  The  side  window  was  simulated  by  an  aluminum  plate  mounted  in  the 
top  of  an  anechoic  box.  An  analytical  approach  was  used  in  an  attempt  to  predict  the  noise  levels 
measured  in  the  experiment. 
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ANALYSIS 


The  Vibration  of  a  nat  Plate 

The  side  window  of  an  automobile  was  simulated  by  a  flat  aluminum  plate  in  this  study  The  plate 
was  caused  to  vibrate  by  the  fluctuating  wall  pressure  exerted  on  one  side  of  the  plate  by  an  external 
airflow.  The  wall  pressure  fluctuations  are  broadband;  no  single  frequency  stands  out.  Hence,  a 
method  to  find  the  resonant  response  of  a  flat  plate  subjected  to  broadband  forang  is  needed.  This  can 
be  found  by  using  the  normal  mode  approach,  as  outtined  in  Lin  {2|  and  Blake  [3]. 

The  normal  mode  approach  is  rather  lengthy,  sc  only  the  result  of  Blake’s  [3]  discussion  will  be 
mentioned  here.  The  normal  mode  approach  exploits  the  fact  that  the  displacement  of  a  vibrating  flat 
plate  may  be  amved  at  by  a  summation  or  superposition  of  normal  modes.  In  addition,  the  analysis  is 
simplified  if  the  eigenfunctions  are  assumed  to  be  orthogonal.  Ruid  loading  and  damping  can  cause  the 
modes  to  become  physically  coupled,  i.e.,  non-orthogonal.  That  would  complicate  the  analysis.  In  this 
case,  where  the  darning  is  low  and  the  only  fluid  loading  is  by  air,  the  orthogonality  assumption  should 
hold  up  well.  Then,  following  Blake’s  approach. 
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the  mean-square  velocity  of  the  flat  plate  vibrating  m  the  m.n  rrode. 

the  wavenumber-frequency  spectral  density  of  the  wall  pressure  fluctuations 

the  mass  per  unit  area  of  the  plate 

the  frequency  of  the  vibrational  mode 

the  loss  factor 

the  are»  of  the  plate 


The  next  step  is  to  express  the  plate  veloaty  m  non-modal  form.  This  could  be  done  by  considenng 
each  vibrating  mode  separately,  and  adding  up  all  of  the  velocity  contributions  from  ea^  mode.  It  is 
more  easily  done  by  using  the  idea  of  Statistical  Energy  Analysis  (SEA),  as  presented  by  Lyon  (4).  The 
main  idea  of  SEA  is  that  of  the  averaging  of  vibrational  energy  over  many  modes.  One  could  find  an 
average  mean-square  plate  velocity  m  a  frequency  band  of  interest  by  finding  some  average  modal 
velocity,  and  multiplying  by  the  number  of  modes  m  the  frequency  band.  That  is: 
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=  average  mean-square  velocity  in  the  frequency  band.  Aio 
=  the  modal  mean-square  velocity 

=  the  modal  density,  the  number  of  vibrational  modes  per  unit  frequency 
=  the  width  of  the  frequency  band 


The  modal  density  of  a  uniform  plate  is  (4). 


n(u}) 

where 

K 

C| 


Ap 

4irKCi 


the  area  of  the  plate 
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the  radius  of  gyration  =  ^1^2 

the  longitudinal  wave  speed  in  the  plate  material 
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Substituting  Equations  (l)  and  (3)  into  Equation  (2).  the  equation  for  the  mean-square  velocity,  in  a 
frequency  band  of  width  Ato.  centered  at  the  frequency  uh.  results: 
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The  approach  so  far  has  been  analytical..  To  solve  for  the  nnean-square  velocity  of  the  panel,  values  for 
the  loss  factor  and  the  wall  pressure  spectrum  are  required.  In  this  investigation,  the  toss  factor  was 
measured  directly  by  measuring  the  decay  of  the  vibration  amplitude  after  striking  the  plate  with  a 
hammer..  The  wavenumber-frequency  spectrum  is  derived  in  the  next  section. 

yyayenumber-Frequencv  Spectrum  of  the  Ructuatinq  Wall  Pressure 

The  wavenumber-frequency  spectrum  of  fluctuating  wall  pressure,  4tip(k.u).  gives  the  mean-square  of 
the  pressure  exerted  upon  the  wall,  per  wavevector  and  per  frequency.  The  wavenumber-frequency 
spedrum,  also  Imown  as  the  aoss  spectral  density,  is  the  Fourier  trar^torm  of  the  cross  correlation  of  the 
fluctuating  wall  pressure  in  both  space  and  time.  The  formulation  presented  here  assumes  a 
homogenous  pressure  field.  That  is,  the  correlation  depends  only  on  the  .separation  between  two 
points  in  space.  WhHe  the  homogeneity  assumption  is  not  strictly  true,  it  is  a  reasonable  approximation 
in  many  instances,  and  simplifies  the  analysis  considerably.. 

The  data  of  Haruna.  et  al  [5]  were  used  to  construct  an  approximate  model  for  the  wavenumber- 
frequency  spectrum  for  the  fluctuating  wall  pressure  beneath  a  separated  flow.  The  following 
expression  was  obtained; 


♦po(k,.k2.ui>  =  ♦  k,2  fb*  ♦  kjZ. 
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Equation  (5)  is  the  wavenumber-frequency  spectral  density  for  the  wall  pressure  beneath  a  separated 
flow.  The  frequefxry  spectral  density.  <t>gp(o3).  was  also  taken  from  Haruna  et  al  (5|.  A  curve  fit  to  their 
data  gave  the  following  relation; 
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q 2  .the non-dimensional frequerKy spectrum 

the  dynamic  pressure  based  on  free-stream  velocity 
the  frequency 

the  average  length  of  the  separated  flow  region  on  the  outside  of  the  side  window 
the  free-stream  velocity 


Radiation  of  Sound 

The  sound  power  radiated  by  a  vibrating  structure  was  given  by  Fahy  [6|; 
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the  density  of  air 
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the  area  of  the  vibrating  structure 
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= 

the  mean-square  veioaty  of  the  plate 
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Empirical  expressions  for  the  average  radiation  efficiency  were  presented  by  Cremer  and  HeckI  [7] 
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where 

Co  =  the  speed  of  sound  in  air 
fc  =  the  acoustic  coincidence  frequency 
Ap  =  the  area  of  the  plate 
P  =  the  perimeter  of  the  plate 


Using  the  mean-square  velocity  of  the  plate  from  Equation  (4),  and  the  radiation  efficiency  values 
from  Equations  (10)  through  (12),  the  radiated  sound  power  was  found  from  Equation  (9).  This  result 
was  compared  with  the  experimental  results. 

EXPERIMENTAL  RESULTS 


A  Sketch  of  the  experimental  set-up  is  shown  in  Figure  1.  The  two  main  components  required  for  the 
experimental  study  were  the  wind  tunnel,  to  provide  the  flow,  and  the  anechoic  box,  in  which  the  plate 
was  mounted 

The  wind  tunnel  used  was  the  Cornell  University  Upson  Hall  Low  Speed  Wind  Tunnel.  This  wind 
tunnel  was  capable  of  speeds  up  to  30  meters  per  second.  The  turbulence  level  of  the  tunnel  was  0.6%, 
with  a  fiow  uniformity  of  1%  [8].  The  wind  tunnel  test  section  was  0  5  meters  high  and  0.75  meters  wide 
The  wind  tunnel  had  both  inlet  and  in-line  silencers  installed.  The  ambient  noise  level  at  the  tunnel 
outlet  was  approximately  80  dBA. 

Due  to  the  rather  high  noise  ievei  of  the  wind  tunnel,  special  care  was  taken  with  the  construction  of 
the  anechoic  box.  The  details  of  the  design  and  construction  can  be  found  in  the  paper  by  Kost  [9]  The 
interior  of  the  box  was  effectively  anechoic  down  to  226  Hertz.  The  aluminum  plates  were  mounted  flush 
■n  a  Tame  centered  in  the  top  of  the  box. 

A  microphone  was  mounted  )ust  above  the  inner  floor  of  the  box.  The  microphone  was  connected  to 
an  externally  positioned  Gennad  1982  Sound  Level  Meter.  The  anechoic  box  was  wheeled  in  front  of 
the  exit  of  the  wind  tunne'  As  showr,  in  Figure  1 ,  a  boundary  layer  scoop  was  added  to  the  wind  tunnel. 
As  a  result,  the  boundary  layer  on  the  plats  was  reduced  to  a  mean  thickness  of  0.02  meters. 

The  aluminum  plates  tested  were  3.175  and  4.76  millimeters  thick.  The  effective  radiating  area  of 
the  piates  was  0.25  m^..  A  3.175  mm  thick  plate  was  used  in  the  clamped  case,  and  the 
simply-supported  plates  were  3.175  and  4.76  millimeters  thick. 

Flow  Obstructions  to  Induce  Separated  Flow 

Mohsen  [10]  found  that  the  fluctuating  waii  pressure  was  more  intense  behind  a  fence  than  behind  a 
backward-facing  step,  so  oniy  fences  were  examined.  Fences  heights  of  1 2.7  millimeters,  1 9 
millimeters,  and  51  millimeters  were  used  in  preliminary  tests.  Only  the  51  millimeter  fence  gave  a 
signal-to-noise  ratio  greater  than  10  dB  in  the  frequency  bands  of  interest ,  so  the  51  millimeter  high 
fence  was  selected. 

Next,  flow  visualization  methods  were  used  with  the  51  millimeter  fence  to  determine  the  mean 
reattachment  point  of  the  separated  flow.  A  poce  of  sheet  metal,  1 .25  meters  by  0.7  meters  is  size,  was 
painted  with  a  mixture  of  carbon  black  and  WD-40  lubricant.  The  plate  was  fastened  on  the  top  of  the 
box  butting  up  to  the  51  millimeter  fence,  with  the  fence  positioned  at  the  upstream  edge  of  the  plate. 

The  wind  tunnel  was  run  for  5  minutes  at  an  ail  flow  velocity  of  26.8  meters  per  second.. 

Five  principle  flow  regimes  were  observed.  Starting  at  the  fence  and  moving  downstream,  the  first 
region,  extending  from  the  fence  a  distance  0,2  meters,  or  4  step  heights,  downstream,  was  one  of  low 
flow..  That  is,  the  inky  mixture  on  the  plate  had  not  moved  or  formed  any  discernable  pattern 
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The  next  region  was  one  of  backward  flow  This  region  extended  from  0.2  to  0.41  meters,  or  4  to  8 
fence  heights,  downstream  of  the  fence.  The  streaks  of  carbon  black  were  clearly  directed  upstream. 

The  next  region,  dubbed  the  fluctuating  reattachment  region,  emphasized  that  the  separation  was 
unsteady.  In  this  region  the  plate  had  been  scrubbed  of  quite  a  bit  of  its  carbon  black,  due  to  the  flow 
impinging  on  this  region  in  an  unsteady  fashion.  This  region  readied  from  0.41  to  0.71  meters,  or  8  to 
14  fence  heights,  downstream. 

The  fourth  region,  the  reattachment  region,  had  been  scrubbed  of  nearly  all  of  its  carbon  black.  The 
flow  reattached  most  often  In  this  region.  As  a  result,  in  the  mean,  this  region  can  be  designated  as  the 
reattachment  zone,  even  though  the  flow  is  unsteady  and  reattaches  in  locations  varying  over  a  large 
portion  of  the  plate.  The  region  reached  from  0.71  to  0.86  meters  or  14  to  17  fence  heights  downstream 
of  the  fence.  The  center  of  the  reattachment  region  was  a  distance  15.5  fence  heights  (0  790  m) 
downstream  from  the  fence  This  coincides  quite  well  with  the  observations  of  Fncke  and  Stevenson 
[1 1]  and  Fricke  [12],  who  found  reattachment  at  14  fence  heights  and  15  fence  heights  downstream, 
respectively. 

In  the  fifth  region,  the  forward  flow  region,  the  flow  had  clearly  reattached,  at  least  in  a  mean  sense, 
and  the  carbon  black  streaks  were  moving  downstream.  This  region  extended  from  0.86  meters  or  1 7 
fence  heights  downstream  of  the  fence  to  the  end  of  the  painted  area. 

After  observing  the  results  of  the  flow  visualization,  it  was  decided  to  move  the  fence  to  a  location  0.4 
meters  upstream  of  the  plate  This  way,  the  plate  was  situated  beneath  the  regions  of  fluctuating 
reattachment  and  mean  reattachment,  where  the  wall  pressure  fluctuations  were  presumably  the 
strongest.  This  would  also  ease  analysis,  for  an  assumption  of  homogeneity  for  the  wall  pressure 
fluctuations  on  the  plate  surface  would  not  be  u  j  outlandish 


The  most  important  part  of  this  investigation  was  the  measurement  of  the  sound  level  in  the  anechoic 
box  when  a  flow  was  passed  over  the  plate  on  top.  The  flow  velocity  was  26.8  meters  per  second  The 
two  flows  used  were  a  turbulent  boundary  layer,  with  an  average  boundary  layer  thickness  of  0.02 
meters,  and  a  separated  flow,  using  a  5 1  millimeter  high  fence  0.4  meters  upstream  from  the  edge  of  the 
plate.  The  sound  level  was  measured  in  octave  bands,  using  a  GenRad  Model  1982  sound  level  meter 

The  highest  overall  sound  level  measured  inside  the  box  with  the  separated  external  flow  was 
obtained  with  the  3  175  millimeter  clamped-edge  plate  The  sound  level  of  the  3.175  millimeter  simply- 
supported  plate  was  0.2  dB  lower.  The  overall  sound  level  with  the  4  76  millimeter  simply-supported 
plate  was  0  8  dB  lower  than  the  3.175  millimeter  clamped-edge  plate. 

The  highest  overall  sound  level  measured  inside  the  box  with  the  attached  turbulent  boundary  layer 
external  flow  was  obtained  with  the  3.175  millimeter  simply-supported  plate.  The  sound  level  obtained 
with  the  3.175  millimeter  clamped-edge  plate  was  0.4  dB  lower  The  sound  level  obtained  with  the  4  76 
millimeter  simply-supported  plate  was  0  6  dB  lower. 

With  both  simply-supported  plates,  the  overall  sound  level  obtained  with  the  separated  flow  was  1 .5 
dB  higher  than  the  sound  level  obtained  with  the  turbulent  boundary  layer  flow  With  the  clamped-edge 
plate,  the  overall  sound  level  obtained  with  the  separated  flow  was  2.1  dB  higher  than  the  sound  level 
obtained  with  the  turbulent  boundary  layer  flow. 

To  summarize  the  results,  it  was  observed  that  the  separated  flow  caused  a  slightly  higher  overall 
sound  level  at  frequencies  within  the  500  Hertz  octave  band  and  above  The  effect  of  plate  thickness  on 
the  overall  sound  level  was  observed  to  be  small.  The  clamped  plate  gave  a  sound  level  nearly  equal  to 
the  simply-supported  plate  with  a  separated  flow,  and  somewhat  lower  with  the  turbulent  boundary  layer 
flow 

COMPARISON  OF  EXPERIMENT  AND  PREDICTION 

The  final  step  was  the  prediction  of  the  sound  level  inside  the  anechoic  box.  Only  the  separated  flow 
case  was  considered.  Three  different  plate  conditions  were  considered,  matching  those  in  the 
experiment  3. 1 75  mm  thick  simply-supported,  4.76  mm  thick  simply  supported,  and  3  1 75  mm  thick  with 
clamped  edges 

To  compare  the  value  for  the  sound  pressure  level  obtained  from  the  equations  with  that  obtained 
experimentally,  it  was  necessary  to  account  for  the  distance  from  the  plate  to  the  microphone.  That  is, 
the  calculations  gave  the  far-field  sound  power  right  at  the  surface  of  the  plate,,  whereas  the 
experimental  sound  power  measurement  was  made  at  a  distance  of  0.46  meters.  It  was  assumed  that 
the  radiated  sound  could  be  considered  tc  be  non-directional.  Using  this  assumption,  ttie  sound  power 
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at  the  microphone  was  calculated  to  be  19%  of  the  total  sound  power  radiated  by  the  plate.  This 
correction  was  applied  to  the  sound  power  calculated  with  Equation  (9). 

The  results  are  shown  in  Figures  2  through  4.  The  3.175  millimeter  simply-supported  plate  results  in 
Figure  2  show  reasonably  good  agreement  between  the  predicted  and  measured  sound  levels.  The 
shape  of  the  curve  is  captured  rather  well,  but  the  predicted  cun/e  over-emphasizes  the  radiation  near 
the  acoustic  coincidence  frequency.  The  levels  are  within  5  to  10  dB  of  each  other.  The  4.76  millimeter,, 
simpiy-supported  plate  in  Figure  3  has  better  agreement  at  most  frequencies,  but  the  acoustic 
coincidence  frequency  octave  is  again  the  one  with  the  greatest  disparity.  The  analytical  results  clearly 
show  the  increased  level  at  2000  Hertz  for  the  thicker  plate,  due  to  the  reduction  in  the  acoustic 
coincidence  frequency.  This  effect  shows  up  only  slightly  in  the  experimental  results.  The  predicted 
sound  levels  for  the  clamped  plate,  shown  in  Figure  4,  match  the  measured  results  quite  well  in  terms  of 
the  shape  of  the  two  curves.  The  overall  levels  differ  by  less  than  10  dB. 

SUMMARY 

The  experimental  portion  of  this  investigation  showed  that  plate  thickness  and  edge  conditions  did 
not  affect  the  transmitted  sound  level  as  much  as  one  might  suppose.  The  prediction  scheme  used  in 
this  investigation,  while  rather  simple,  showed  promise.  The  prediction  model  incorporated  some  of  the 
physics  of  the  problem,  such  as  the  wavenumber-frequency  spectral  density  of  the  wall  pressure. 

Further  refinement  of  the  prediction  model  may  lead  to  a  useful  noise  level  prediction  scheme  for 
automobile  wind  noise. 
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Figure  1 .  A  Sketch  of  the  Experimental  Apparatus 
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Figure  2  Sound  Levels  with  the  3.175  Millimeter  Simply-Supportefl  Plate 
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3.  Sound  Levels  with  the  4  76  Millimeter  Simply-Supported  Plate 
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Figure  4.  Sound  Levels  with  the  3  175  Millimeter  Clamped  Edge  Plate 
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ABSTRACT 

This  paper  discusses  transfer  function  measurements  made  using  the  least-mean-square  (LMS)  adaptive 
approaches.  Experiments  with  transfer  functions  made  using  traditional  FFT  measurements  and  the  LMS 
approach  were  conducted  using  computer  simulation.  The  results  for  the  transfer  function  obtained  using 
the  LMS  adaptive  approach  are  compared  with  the  results  obtainr  1  using  the  traditional  approach  in  the 
frequency  domain.  The  results  show  that  an  accuracy  of  the  order  of  10'  with  respect  to  a  measured 
theoretical  transfer  function  can  be  obtained  with  a  traditional  4096  point  FFT  mta'urement  after  fifty 
averages  are  taken  and  an  accuracy  of  the  order  of  10 is  obtained  by  the  LMS  approach  with  fifty 
Iterations.  The  measured  accuracy  of  the  transfer  function  and  the  rate  of  convergence  to  the  measured 
function  have  been  improved  greatly  by  using  the  LMS  approach.  The  study  shows  that  the  LMS 
algorithm  using  the  FFT  block  piocessing  approach  can  be  destabilized  by  frequency-spectral  leakage  in 
the  measurement.  Some  approaches  to  overcome  this  difficulty  have  also  been  investigated. 

1.,  INTRODUCTION 

Transfer  function  measurements  are  used  in  many  engineeri.ng  applications.  A  schematic  diagram  of  a 
transfer  function  measurement  for  a  SISO  system  is  shown  in  Figure  1.  This  is  usually  implemented  using 
a  FFT  analyzer.  Increasing  the  number  of  averages  is  the  only  way  to  obtain  an  accurate  measurement 
with  the  FFT  analyzer..  I  low  accurate  will  the  result  be  with  a  certain  number  of  averages  and  what  is  the 
rate  of  accuracy  improvement  with  increasing  number  of  averages?  The  answer  to  this  quesMon  is  not  well 
known.  As  seen  in  the  re.sulis  of  this  paper,  the  measurement  accuracy  is  poor  and  the  rate  of 
improvement  with  the  traditional  measurement  approach  is  very  limited.  However,  this  has  not  become 
a  severe  problem  because  there  are  not  many  engineering  applications  which  require  the  measured  transfer 
function  to  have  a  high  accuracy.  The  measurement  of  damping  ratio  of  composite  materials  by  means 
of  transfer  function  measurement  is  one  example  which  requires  a  highly  accurate  measurement  of  the 
transfer  function  because  the  damping  of  the  materials  is  very  low.  The  accuracy  of  the  damping  ratio 
measured  is  limited  by  the  accuracy  of  the  transfer  function  measurement.. 

The  I  east-Mean-Square  adaptive  approach  has  been  widely  used  in  control  and  model  identification  A 
transfer  function  measurement  using  the  LMS  approach  is  an  essential  form  of  model  identification,  as 
shown  in  Figure  4.  It  the  LMS  approach  is  implemented  using  FFT  block  processing  in  the  frequency- 
domain,  the  measurement  system,  as  shown  in  Figure  4,  can  be  easily  realized  within  present  commercially 
available  FFT  analyzers  after  a  little  modification.  The  advantages  and  di.sadvantages  of  usmg  the  LMS 


approach  for  the  measurements  needs  to  be  investigated.  This  has  been  the  purpose  of  the  research 
reported  here. 

2.  THEORETICAL  CONSIDERATION 

Tradidonal  transfer  function  measurements  have  based  on  the  use  of  FFT  analysis  in  the  frequency 
domain.  The  transfer  function  is  measured  using  [1] 

Hm  =  p^mipjK),  (1) 

where  P„(K)  and  P,(K)  are  the  auto-spectrum  of  the  input  x  and  the  cross-spectr’ni  between  the  input 
X  and  the  output  y  respectively,  as  shown  in  Figure  1.  P„(K)  and  P,y(K)  are  measured  by 

(2) 

and 

P^m-X\K)Y(K)IN^  (3) 

where  X(K)  and  Y(K)  are  the  frequency-domain  expressions  for  x(n)  and  y(n),  and  N  is  the  number  of 
sample  points. 

Assume  that  the  input  x(n)  is  a  random  signal  with  a  Gaussian  distribution.  To  improve  the  results 
measured  using  the  traditional  approach,  an  average  can  be  taken  of  the  measured  results.  The  number 
of  averages  can  be  10  or  100  for  instance.  The  average  can  be  executed  simply  from: 

f/,(X)  =  (l- 1/Off, <=1,2,....  (4) 

where  H,,,(K)  is  the  transfer  function  measured  at  the  i-th  measurement. 

Smoothly  zero-ended  windows  for  sample  blocks  can  be  useo  to  reduce  the  effect  of  the  Gibbs 
phenomenon.  Although  the  introduction  of  windows  in  the  measurement  distorts  the  real  sampled  signal, 
this  adverse  effect  can  be  averaged  out  by  different  input  x(n).  The  accuracy  of  the  measurement  also 
depends  on  some  other  factors.  The  number  of  sample  points  is  one  of  important  factors. 

Assume  that  the  transfer  function  to  be  measured  is  given  by 

J|  (s-z)(s-Zj) 

ff(j)  =  10x2i - ,  (5) 

n  {s-p,)(s-pj) 

/■I 

where  the  zeros  z,;  zj'  and  the  poles  p,;’  p/  are  given  in  Table  1.  This  transfer  function  is  abstracted  from 
the  four-degree  of  freedom  sy.stem  discussed  in  reference  [2]  where  the  transfer  function  (H„(K))  is 
required  to  be  measured  accurately  in  advance  of  the  control  experiments.  The  impulse  response  h(n)  and 
the  transfer  function  H(K)  given  by  Eq.f.'i)  are  shown  in  Figures  2  and  3. 

If  the  LMS  adaptive  approach  is  introduced  into  the  measurement  by  Eqs.(l)  thiough  (3).  the  schematic 
diagram  of  the  measurement  is  shown  in  Figure  4  The  LMS  algorithm  is  given,  in  the  frequency  domain, 
by 

ff,(A0=ff.  +  *=1.2,  .  (6) 
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where  H|(K)  is  the  expression  for  h’(n)  in  the  frequency  domain  and  is  the  measured  transfer  function 
between  the  input  x(n)  and  the  output  y(n),  H^,(K)  is  the  transfer  function  between  the  input  x(n)  and 
the  error  signal  e(n)  and  a  (0<a<l)  is  the  gam  constant  which  regulates  the  speed  of  adaptation.  In 
Figure  4,  both  the  input  x(n)  and  the  error  e(n)  are  sent  to  a  microcomputer  in  order  to  calculate  H„,(K). 
The  calculated  H^,(K)  is  used  to  modify  H,(K)  (or  h’(n)).  The  weights  of  the  transfer  function  h’(n)  are 
adjusted  using  the  LMS  algorithm  until  the  error  signal  e(n)  approaches  zero  and  h’(n)=h(n).  If  the  initial 
transfer  function  H„(K)  is  assumed  to  be  zero  and  a  is  one,  the  transfer  function  H^,(K)  obtained  after 
the  first  measurement  is  obviously  reen  to  be  the  same  as  H,,,(K)  given  in  Eq.(4).  A  unity  gain  constant 
a  is  *he  goal  pursued  in  this  paper  because  it  promises  to  "ix'c  the  highest  convergence  speed  and  the 
widest  stability  margin. 

To  evaluate  the  accuracy  of  the  measurement,  the  standard  dev  ~.tion  was  calculated  as  given  by 

,  m 

S.  =  t  E  i=U . 

"1^'  *  t-i 


where  H(K)  is  the  theoretical  transfer  function,  H(K')  is  the  measured  one  and  N  is  the  sample  length. 
Because  of  the  redundancy  in  H,(K)  which  is  calculated  by  the  Fast  Fourier  Transform,  only  half  of  th*- 
sample  length  N/2  of  the  spectrum  is  used  in  Eq.(7). 

3.  PRELIMINARY  RESULTS 

The  experiment  was  first  conducted  using  a  2048-point  number  of  samples  x(n)  sampled  from  a  random 
signal  with  a  Gaussian  distribution.  A  Hanning  window  was  used  in  the  measurement.  The  results 
obtaiiiCvl  from  the  traditional  measurement  given  by  Eq.(4)  and  from  the  model  identification  using  'he 
LMS  approach  given  by  Eq.(6)  are  shown  in  Figure  5. 

Fifteen  averages  and  iterations  were  taken  in  the  traditional  measurement  and  in  the  measurement  using 
the  LMS  algorithm.  For  the  results  shown  in  Figure  5,  the  gam  constant  a  was  chosen  to  be  one.  It  can 
be  seen  that  the  results  obtained  using  the  LMS  approach  are  divergent  in  this  case.  The  transfer  function 
His(K)  obtained  using  the  LMS  approach  is  shown  m  Figure  6.  The  experiment  showed  that  a.s  the 
Iteration  number  i  was  increased  further,  the  results  as  shown  in  Figure  16  drastically  become  much  worse. 

The  convergent  result,  as  shown  in  Figuie  7,  was  obtaine.’  when  the  gam  constant  a  was  chosen  to  be  one 
for  the  feedback  of  H„,(K)  (i=  1)  and  one  tenth  'or  other  iterations  (i>  1).  Fifty  averages  and  iterations 
were  taken  in  the  measurement.  It  can  be  seen  that  the  convergence  of  the  LMS  algorithm  is  rather  slow 
in  this  case  and  that  the  convergence  sp^ed  is  of  the  same  order  both  for  the  LMS  approach  and  the 
traditional  measurement  method.  The  stability  of  the  LMS  algorithm  has  become  a  key  to  'he 
continuation  of  this  .study.  The  problem  of  stability  is  !n’'e.stigated  in  the  following  section, 

4..  STABILITY  OF  LMS  ALGORITHM 

Equation  (6)  e.ssentially  presents  a  search  scheme  based  on  the  Newton-Raph.son  method  if  a=l. 
Newton’s  method  will  always  converge  provided  a  sufficiently  accurate  initial  approximation  is  cho.sen.  This 
IS  true  because  the  measured  transfer  function  H„,(K)  usually  gives  a  good  approximation  when  H„(K)=0 
IS  assumed.  Two  measurement  methods  were  used  to  investigate  the  cause  of  instability.  The  first  method 
was  considered  by  measuring  the  auto-  and  the  cross-  correlation  functions  directly  in  the  time  domain. 
The  second  method  was  considered  by  designing  an  experiment  in  the  frequency  domain  which  was 
immune  to  the  frequency-spectral  leakage..  The  experiments  showed  'hat  the  insiability  of  the  LMS 
algorithm  is  caused  by  the  frequency-spectral  leakage.. 

4.1  Time-Domain  Measurement 

If  the  auto-  and  cross-  correlation  functions  are  denoted  as  C„(n)  and  C„(n)  respectively,  the  unit  impulse 
response  function  h(n)  can  be  solved  by  deconvolution  and  written  a.s 
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h(n)  =  O  C^. 


(8) 


where  the  symbol  o  is  used  to  denote  deconvolution.  The  solution  of  Eq.(8)  requires  that  the 
measurements  should  start  at  thv.  initial  time  t=  0  when  the  measured  system  is  excited.  A  better  approach 
IS  to  solve  for  h(n)  in  the  frequency  domain.  Th's  requires  the  calculation  of  ihe  spectrum  functions  P„(K) 
and  P^fK)  directly  from  C„(n)  and  C,(n),  and  then  the  use  of  Eq.(l)  and  the  inverse  Fourier  transform 
to  fir  J  h(n). 

Assume  that  x(n)  is  a  random  signal  with  1024-point  samples  and  that  the  impul* response  h(n)  to  be 
measured  has  a  length  of  1024-points,  Thus,  y(n)  is  the  response  with  a  length  ot .  )47-points.  C„(n)  and 
C,,(n)  are  given  by 

CJf)  = «=0,i;J....1023  W 

and 

1 

y=0.u....2046,  (10) 

n-O 

where  x(n)  and  y(n)  have  been  padded  with  1023  point  zeros  and  N=  1024. 

The  results  for  HfK)  obtained  by  using  the  time-domain  measurement  method  combined  with  the  LMS 
approach  are  shown  in  Figure  8.  The  results  obtained  by  using  the  traditional  measurement  method  (2048- 
point  FFT)  are  also  shown  in  the  same  figure.  It  can  be  seen  that  the  convergence  of  the  LMS  algorithm 
IS  rather  fast  with  a=  1  and  the  difference  between  the  theoretical  result  HfK)  and  the  result  H,(K) 
measured  by  using  this  time-domain  method  approaches  zero  very  rapidly.. 

Although  the  time-domain  measurements  are  successful,  the  results  do  nor  directly  reveal  the  cause  of 
instability,  and  only  show  that  the  LMS  algorithm  with  a=l  can  be  stable  if  the  measurements  ot  P„(K) 
and  P„(K)  are  performed  in  the  time  domain.  One  limitation  with  the  time-domain  method  is  that  the 
input  x(n)  should  be  an  incoherent  time  sequence.  Otherwise,  all  the  information  tor  the  measured  transfe; 
function  will  be  lost  in  the  measurements  of  C„(n)  and  C„(n).  The  computation  ot  transfer  functions 
usually  takes  much  more  time  in  the  time  domain  than  in  the  frequency  domain  with  the  FFT  approach. 

4.2  Frequency-Domain  Measurement 

The  experiments  were  designed  to  examine  the  cause  of  instability.  The  ettect  of  frequency-spectral 
leakage  was  the  main  concern  of  this  investigation.  In  the  experiments,  a  saw-tooth  wave  signal  was  used 
as  the  excitation  signal,  who.se  waveform  and  frequency  spectrum  are  shown  in  Figures  9  and  10 

respectively..  The  fundamental  and  harmonic  frequency  components  lie  at  0.49.  0.98.  1.47,.  1.95,  2.44  Hz, . 

while  other  frequency-spectral  leakage  can  be  seen  explicitly.  The  sample  length  for  the  FFT  spectrum 
calculation  was  chosen  to  be  1024  points  with  a  sampling  rate  of  10  Hz. 

The  experimental  results  given  in  Figure  11  show  that  the  algorithm  this  ca.se  is  divergent  and  the 
standard  deviation  of  the  measurement  increases  exponent’ally  with  increase  ot  the  iteration  number  (i). 
Figure  12  shows  the  transfer  function  H,(K)  measured  using  Eq.(6)  after  the  fourth  iteration  (i==4).  The 
unstable  peak  can  be  clearly  seen  at  the  frequency  f=2.07  Hz. 

To  eliminate  the  effect  ot  trequency-spectral  leakage,  the  experiment  was  tested  by  using  a  puiified  saw¬ 
tooth  wave  signal  as  the  excitation  signal.  The  .so-called  purified  signal  was  obtained  from  the  same  signal 
in  Figure  9  but  with  its  trequency-spectral  leakage  suppressed  to  zero,  as  shown  in  Figure  10.  Thus,  the 
purified  signal  contains  only  the  harmonic  frequency  components  in  the  1024-poini  frequency  spectrum. 
The  deviation  of  the  transfer-function  measurement  obtained  by  using  the  purified  signal  ir  given  in  Figure 
13  and  shows  that  the  algorithm  is  stable  although  it  does  not  have  a  fast  convergence  rate  as  compared 
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with  the  results  obtained  using  the  time-domain  approach  as  shown  in  Figure  8.  The  repeate''iy  identical 
(or  invariant)  saw-tooth  excitation  signal  has  resulted  in  the  slow  convergence. 

5.  FINAL  RESUL'^ 

Increasing  the  length  of  the  Fourier  transform  is  one  way  to  reduce  the  frequency-spectral  leakage.  The 
experiment  was  tested  using  a  4096-point  sample  length  for  the  FFT  spectrum  calculation.  The  experiment 
was  the  same  as  the  experiment  conducted  in  Section  3,  except  that  a  4096-point  random  signal  x(n)  was 
used  as  the  excitation  signal  in  this  experiment..  The  standard  deviation  of  the  mea.suiement  is  shown  in 
Figure  14.  A  large  convergence  rate  was  achieved  tor  the  results  obtained  using  the  LMS  approach.  This 
convergence  rate  is  of  the  same  order  as  the  one  obtained  using  the  correlation  method  as  shown  in  Figure 
8. 

The  above  experiments  have  only  been  simulated  for  the  case  when  the  excitation  and  the  measurements 
start  at  the  time  t=0.  In  practice,  the  measurement  is  usually  taken  during  any  arbitrary  time  period  after 
the  excitation  starts.  This  measurement  procedure  also  can  be  simulated  as  shown  in  Figure  15  The 
excitation  signal  x(n)  with  a  5120-point  sample  length  is  used  with  a  system  represented  by  a  1024-point 
impulse  response  function  h(n)  to  produce  the  respon.se  y(n).  A  length  of  the  4096-point  response  y(n) 
can  be  considered  to  include  the  effects  of  the  x(n)  history  from  t=0.  Then,  the  transfer  function 
measurement  in  a  real  measurement  process  can  be  simulated  ly  using  the  response  y(n)  of  4096-point 
length  and  the  excitation  x(n)  of  the  corresponding  period  as  snown  m  Figure  15  The  results  obtained 
with  the  traditional  measurement  and  the  LMS  approach  are  shown  in  Figure  16.  Fast  convergence  for 
the  LMS  approach  as  with  the  previous  case  shown  in  Figure  14  was  achieved. 

6.  CONCLUSIONS 

Transfer  function  measurements  using  traditional  and  LMS  adaptive  approaches  have  been  discussed  in 
this  paper.  The  results  show  that  an  accuracy  of  the  order  of  10’  with  respect  to  a  measured  theoretical 
transfer  function  can  be  obtained  by  a  traditional  4096  point  FFT  measurement  it  fifty  averages  are  taken 
and  an  accuracy  of  the  order  of  10'-  is  obtained  by  the  LMS  approach  with  fifty  iterations.  The 
measurement  accuracy  of  the  transfer  function  and  the  rate  of  convergence  to  the  measured  function  can 
be  gieatly  improved  by  using  the  LMS  approach. 

The  experimental  study  shows  that  the  LMS  algorithm  using  the  FFT  block  proce.ssing  approach  can  be 
destabilized  by  frequency-spectral  leakage.  One  way  to  overcome  this  difficulty  is  to  u.se  a  larger  sample 
block  with  more  points  for  the  FFT. 

This  research  work  has  only  considered  the  case  when  the  input  is  an  independent  random  signal  proce.'s. 
In  principle,  any  response  within  a  system  can  be  u.scd  as  an  input.  Such  ca.ses  can  be  considered  in 
further  work. 
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Table  I  Poles  and  Zeros  of  the  Transfer  Function  H(s)  Given  in  Eq.(5) 


1 

1 

2 

3  4 

p,.  p,' 

-0.0537±1.3876j 

-1.2305±6.6473j 

-2Je95±13.905j  3.8234±19.433j 

-0.0768±lJ346j 

-1.8698±&4891j 

-3.5397±17.617j 

Figure  1  Schematic  Diagram  of  the  Traditional  Transfer 
Function  Measurement  for  a  SISO  System 
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Figure  2  Impulse  Response  h(n)  Given  by  Eq.(5)  Figure  3  Transfer  Function  H(K)  Given  by  Eq.(5) 
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Figure  4  Transfer  Function  Measurement  Using  the 
LMS  Approach 
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Figure  e  Measurod  Transtar  Function  H(K)  Using  LMS 
Approach  after  Fiftaan  Iterations  with  Unit  Gam  Constant 
and  2048  Sampla  Points 
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Figure  7  Standard  Deviation  S  of  the  Transfer  Function 
Measurement.  2048  Sample  Points,  Converges  for  LMS 
Approach  with  Gam  Constant  -  1  tor  the  First  Iteration 
and  =  0  1  lor  Other  Iterations 
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Figure  8  Standard  Deviation  S  of  the  Transfer  Function 
Measurement,  Converges  tor  LMS  Approach  with  Unit 
Gain  Constant  by  Using  Correlation  Method  in  Time 
Domain 
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Figure  9  Saw-tooth  Wave  with  049  Hz  Fundamental 
Frequency  Sampled  at  a  Hate  of  10  Hz 


Figure  10  SpectrM  Amplitude  of  the  Saw-loolh  Wave 
with  Fundamental  and  Harmonic  Components  of  0  49 
0  98.  I  47..  1  95  2  44  Hz 


1E50 


pjtputiS 


«9'  * - - -  - - -  •  ^ 

t  9  »  €  •  *9  '2 

M  ttradfiNQ 


Figure  ';!  Sleriderd  Oeviaten  S  of  the  Traristor  Furictiori 
Meiiri  remertf  Usvig  LMS  Approach,  Onarges  with  Umt 
Gain  Constant  whan  a  Sawtooth  Signal  b  Used 
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Figura  12  Mtasured  TtansMr  Function  H(K)  Uang 
LMS  Appfoacii  altar  tha  Fourth  Iteration  and  under 
Saw-tooth  Wave  Excitation 
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Figure  15  Schematic  Diagram  of  the  Simulation  of  a 
Real  Measurement  Process 
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Figure  16  Standard  Deviation  S  of  the  Transfer  Function 
Measurement  which  is  simulated  for  a  Real  Measurement 
Process  as  Shown  in  Figure  15 
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Abstract 

This  paper  reviews  several  new  developments,  at  the  University  of  Cinicnnati  in  the  area  of  experimental  modal 
analysis.  Most  of  the  recent  advancements  have  been  in  the  areas  of  multiple-input  multiple-output 
measurement,  signal  processing  and  parameter  estimation  As  the  cost  of  transducers,  data  acquisition,  and 
compute  power  have  dropped,  it  has  become  feasible  to  utilize  larger  numbers  of  channels  of  instrumentation 
for  modal  analysis  The  following  discussion  pnmarily  focus  on  new  developments  in  multiple  reference  modal 
analysis 

Introduction 

In  recent  years  there  has  been  a  significant  reduction  in  the  cost  of  equipment  for  multiple-channel  modal 
analysis  The  pnce  drop  has  occurred  across  the  entire  spectrum  of  equipment  used  in  experimental  modal 
analysis,  that  is  transducers,  signal  conditioning,  data  acquisition,  signal  processing  and  data  analysis  equipment 
Much  of  the  current  research  has  focused  on  expanding  measurement,  signal  processing  and  data  analysis 
capabilities  to  include  multiple  references.  This  paper  discusses  some  of  the  significant  developments  in 
multiple-reference  modal  analysis 

Background 

Multiple-reference  modal  analysis  was  one  of  the  orginal  techniques  used  in  experimental  modal  analysis  One 
of  the  first  procedures  developed  was  the  tuned  normal-mode  testing  procedure  in  which  each  mode  was  tuned 
by  applying  a  forcing  vector  to  a  structure  The  forcing  vector  (both  frequency  and  forcing  pattern)  was  adjusted 
such  that  a  single  mode  was  excited  The  displacements  at  various  points  on  the  structure  were  then  measured 
to  determine  one  of  the  eigenvectors  of  the  system  This  method  was,  and  still  is,  excellent  for  determining  the 
modal  parameters  of  a  system.  It  required  a  large  number  of  simultaneously  measured  response  channels  to  be 
practical  in  terms  of  testing  time.  Historically,  the  large  numbers  of  data  acquisition  channels  made  this 
procedure  cost  prohibitive  for  most  users.  The  method  also  required  a  high  level  of  operator  skill  in  tuning  the 
normal  modes  Thus,  the  method  was  impractical  for  occasional  users  or  for  an  experienced  user  testing  a 
structure  in  which  prior  knowledge  of  the  types  of  eigenvectors  is  unknown 

In  the  late  sixties  and  early  seventies,  procedures  for  single-input  frequency  response  testing  were  developed 
In  general,  these  methods  were  much  faster  than  the  normal-mode  testing  methods,  particularly  for  cases  in 
which  only  a  few  transducers  were  available  It  also  required  much  lower  skill  levels  for  testing  of  nonstandard 
test  objects  In  the  mid  seventies,  single-input  frequency  response  methods  were  used  in  ninety-five  percent  of 
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applications  Most  of  these  applications  were  associated  with  the  trouble  shooting  of  vibration  and'or  noise 
problems  However,  in  the  late  seventies,  there  was  an  increasing  demand  for  finite-element  verification  and 
modal  model  generation.  Both  of  these  applications  placed  severe  demands  on  the  extraction  of  realistic  modal 
parameters  and  single  input  methods  were  not  capable  of  extracting  suitable  modal  parameters,  except  for  fairly 
simple  systems.  TTierefore,  in  this  late  seventies  period  an  increased  emphasis  was  placed  upon  developing 
multiple-input  methods  which  could  be  used  to  increase  the  accuracy  of  the  measured  modal  parameters 

Multiple  input  frequency  response  measurement  methods  were  subsequently  developed  in  the  late  seventies  and 
perfected  in  the  eaily  eighties.  Also  in  the  eighties,  with  the  advent  of  the  polyreference  time  domain  method, 
a  senes  of  multiple-input  multiple-output  parameter  estimation  algorithms  were  developed  In  fact,  algorithms 
are  still  being  developed  at  an  exponential  rate 

Today  there  is  a  significant  effort  to  consolidate  many  of  these  methods  into  a  more  generalized  unified  theory  - 
-  a  goal  which  is  almost  complete  Nearly  all  of  the  multiple  reference  parameter  estimation  algonthms  can 
be  rederived  in  terms  of  a  generalized  Auto  Regressive  Moving  Average  (ARMAj  model  in  the  time,  frequency, 
or  Laplace  domain. 

Multiple  reference  algorithms  are  very  sensttive  to  inconsistencies  within  the  measured  data  (frequency  shifts, 
temperature  dependant  stiffness,damping,  etc).  This  has  restimulated  a  desire  to  measure  all  of  the  response  data 
simultaneously  to  minimize  effects  of  data  inconsistencies  Simultaneous  measurement  of  the  data  was  one  of 
the  problems  associated  with  the  normal  mode  testing  method  However  by  the  early  eighties,  the  technology 
existed  to  develop  less  expensive  transducer  systems  The  mid  to  late  eighties,  saw  the  develoment  of  relatively 
inexpensive  transducer  systems. 

Transducer  systems  included  the  sensing  element,  signal  conditioning,  cabling,  the  identification  and  calibration 
systems  were  developed  The  availability  of  an  arrayed  transducer  system  triggered  several  new  areas  of 
development.  As  an  example,  the  mounting  of  several  hundred  transducers  requires  a  systematic  approach  to 
cabling  and  identification.  Further  discussion  details  several  areas  of  development  in  transducer  array  systems 

Measurement  and  Signal  Processing 

A  major  development  in  the  measurement  arena  has  been  that  of  building  integrated  arrayed  transducer  systems 
which  are  fairly  inexpensive  per  channel  Current  systems  are  approximately  an  order  of  magnitude  less 
expensive  than  those  used  in  the  mid-sixties  The  cost  reduction  is  even  greater  when  inflation  is  taken  into 
consideration. 

Design  philosophy  is  as  important  as  cost  reduction  in  evaluating  the  arrayed  transducer  system.  Traditionally 
transducers  were  treated  as  individual  devices  In  the  new  philosophy,  the  transducers  are  elements  in  an 
integrated  system  and  the  mounting,  cabling,  connectivity,  identification,  and  calibration  are  important  elements 
of  this  system 

With  the  acceptance  of  the  arrayed  transducers  systems,  there  has  been  increased  emphasis  on  the  development 
of  multiple-reference  signal  processing  In  the  mid  eighties  there  were  significant  developments  into  various 
types  of  signal  processing  procedures  for  improving  the  computation  of  frequency  response  functions  (H,,  H,, 
Hv,  etc)  Broadband  excitation  procedures  have  been  extended  to  cover  multiple-input  excitation  cases.  Singular 
Value  Decomposition  (SVD)  or  Pnncipal  Component  Analysis  (PCA)  procedures  have  been  developed  to  assess 
the  state  of  the  excitation  and  signal  processing.  These  procedures  have  already  been  incorporated  into 
commercial  software  packages  for  data  acquisition 

Broadband  systems  are  commercially  available  which  can  process  hundreds  of  channels  of  data  simultaneously 
in  real  time.  At  the  present  time  these  systems  are  fairly  expensive  per  channel,  but  the  rapid  changes  in 
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technology  promise  to  solve  this  problem.  Broadband  systems  require  considerable  computer  memoiy  and  disk 
storage  to  handle  all  of  the  intermediate  and  final  functions  of  a  multiple-input,  mu'tiple-output  set  of  frequency 
response  functions.  Computers,  computer  memory  and  disk  storage  costs  are  currently  dropping  substantially 
in  cost.  These  reductions  '.vill  have  a  significant  effect  on  the  cost  of  multiple  charuiel  systems. 

There  is  also  considerable  ongoing  research  to  develop  auxiliary  signal  processing  and  parameter  estimation 
procedures  in  order  to  determine  modal  parameters.  These  techniques  compute  modal  parameters  directly  from 
measured  input  and  response  measurements.  They  utilize  direct  parameter  estimation  algorithms. 

One  of  the  data  acquisition  procedmes  which  is  currently  being  developed  consists  of  a  spatial  sine  testing 
system.  This  method  is  described  in  one  of  the  following  examples. 

Parameter  Estimation 

As  mentioned  previously,  new  multiple  reference  parameter  estimation  algorithms  are  being  developed  at  an 
exponentially  increasing  rate.  Many  of  these  algorithms  are  simply  derivatives  of  previously  developed 
algorithms.  The  major  effort  involves  consolidation  of  these  many  techniques  and  methods  into  a  genaal 
approach.  This  has  been  complicated  because  most  of  the  parameter  estimation  procedures  were  developed  from 
a  curve  fitting  viewpoint.  As  a  result  of  this  historical  approach,  many  techniques  appear,  from  a  mathematical 
point  of  view,  to  be  quite  different  while  in  reality  they  arc  quite  similar.  The  development  and  successful 
application  of  the  polyreference  time  domain  procedure  by  H.  Void  changed  the  approach  from  a  curve  fitting 
mentality  to  a  linear  system  parameter  estimation  process.  The  polyreference  method  was  developed  in  the  early 
eighties  and  was  the  frrst  commercial  application  of  a  multiple-input  parameter-estimation  algorithm  for  modal 
parameter  estimation. 

The  polyreference  method  illustrated  the  importance  of  spatial  information  in  the  estimation  of  modal  parameters. 
Historically,  the  use  of  temporal  information  was  emphasized.  This  was  a  natural  consequence  of  the  curve 
fitting  of  individual  measurements  (frequency  response  function,  unit  impulse  function  and/or  free  decays).  The 
polyreference  method  was  the  first  in  which  global  modal  parameters  were  estimated  from  a  number  of  input 
reference  points  located  at  spatially-separated  locations.  The  spatial  information  allowed  the  estimation  of 
"repeated"  or  very  closely  coupled  "pseudo-repeated"  eigenvalues.  This  was  not  possible  when  using  only 
temporal  information  or  a  set  of  response  measurements  taken  from  a  single  input  point. 

The  significant  advantages  of  the  polyreference  method  spurred  the  development  of  a  large  number  of  similar 
algorithms.  Procedures  which  had  been  used  in  controls  and  statistical  estimation  procedures  for  linear  system 
identification  were  developed  to  estimate  modal  parameters. 

These  methods  can  easily  be  adapted  to  modal  parameter  estimation  by  relaxing  several  of  the  requirements 
imposed  on  the  controls  and  statistics  applications.  Unlike  the  controls  area  a  large  number  of  input  and 
response  measurements  are  made  and,  in  general,  it  is  not  necessary  to  estimate  parameters  in  real  time 

Dy  starting  from  the  general  parameter  estimation  models  which  have  been  used  in  the  controls  and  statistical 
estimation  areas,  many  of  the  modal  parameter  estimation  procedures  can  be  rederived  from  a  common  starting 
point  This  makes  comparison  of  the  various  methods  more  straightforward. 

The  ARMA  formulation  is  used  as  a  common  starting  point.  In  a  standard  ARMA  approach,  the  AR  (auto 
regressive)  terms  are  used  to  desenbe  the  response  of  the  struemre..  The  MA  (moving  average)  terms  are  use 
to  desenbe  the  system  inputs  and  to  describe  noise  terms  in  the  model.  In  general  the  noise  tenns  are  nonlinear, 
which  significantly  complicates  the  solution.  Therefore,  in  most  of  the  modal  applications,  the  influences  of  the 
noise  terms  are  removed  or  significantly  reduced  during  the  measurement  phase  by  signal  proce,ssing.  The 
remaining  noise  is  lumped  into  extra  AR  terms.  The  remaining  MA  terms  (inputs)  are  often  eliminated  by 
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computing  frequency  response  or  unit  impulse  frmctions  and  using  the  resulting  free  decay  responses  to  estimate 
the  AR  terms. 

Historically,  the  ARMA  method  was  based  upon  using  sampled  time  data.  For  the  modal  parameter  estimation 
problem,  it  has  been  reformulated  in  the  time,  frequency  and  LaPlace  domain  for  both  discrete  and  continuous 
data. 

The  ARMA  formulation  describes  the  equations  of  motion  for  a  mechanical  system  in  terms  of  matrix 
polynomials.  The  size  of  the  matrix  polynomials  and  the  order  of  the  equation  are  determined  by  the  number 
of  independent  measured  degrees-of-freedom  and  the  amount  of  t  itial  infoimation.  The  number  of  degrees-of- 
freedom  is  proportional  to  the  product  of  the  size  of  the  matrices  and  the  order  of  the  equations.  If  the  system 
is  completely  spatially  sampled  (sufficient  input-output  measuring  points),  then  a  second  order  equation  can  be 
used  with  the  matrix  size  being  equal  to  the  number  of  eigenvalue  pairs.  Spatial  information  is  critical  in 
reducing  the  order  of  the  equations.  In  general,  this  is  one  of  the  main  reasons,  in  recent  years,  for  the  dramatic 
emphasis  on  measuring  a  large  number  of  input  and  output  points. 

The  mathematical  formulation  of  the  ARMA  is  given  for  reference  as  follows; 

Continuous 

Time 


dt" 


(1) 


Frequency 


Laplace 


Discrete 

Time 


(2) 


{  [A„]  +  );f(s) 

=  {[B„]  s'"-i*...  +  [Bo]}(B(s)+JC(s)) 


(3) 


[A„]  ...MAjXo 

=  [BJ  f. 


(4) 
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Z-Domain(Laplace) 


{  [A„]  z'’+[A„.J  v.  +  t^]  }X{Z) 

(5) 

=  {[B„]  ^“-H...  +  [i^J}(P(^)+^C(z)) 

The  standard  M(mass),  K(srii)Tie$s),  and  D(dainping)  model  is  included  as  a  special  case  of  the  above  equation 
sets. 

Using  this  ARMA  fonnulation  many  of  the  modal  parameter  estimation  algorithms  have  been  redenved  from 
a  common  starting  point.  A  list  of  the  relevant  algorithms  are: 

1 ..  The  Complex  Exponential  Algorithm  (CE) 

2.  The  Least  Squares  Complex  Exponential  (LSCE) 

3.  The  Ibrahim  Time  Domain  Method  (ITD) 

4..  The  Polyreference  Time  Domain  Method  (PTD) 

5.  The  Eigenvalue  Realization  Algorithm  (ERA) 

6.  The  Polyreference  Frequency  Domain  Method  (PFD) 

7..  The  Complex  Mode  Indicator  Function  (CMIF) 

Using  the  ARMA  model  formulation  many  of  the  methods  can  be  rederived  in  either  the  time  or  frequency 
domain.  For  example,  a  frequency  domain  equivalent  of  the  ITD  and  the  ERA  method  have  been  developed. 


In  the  ARMA  model  approach  the  coefficients  of  the  ARMA  model  are  estimated  from  the  measured  input- 
output  response  data.  The  modal  parameters  are  subsequently  estimated  from  the  ARMA  model  using  a  standard 
eigenvalue  reduction.  The  procedures  for  estimating  the  matrix  size  of  the  coefficient  lerms  and  the  order  of 
the  polynomial  are  important  features  of  the  different  methods.  The  type  of  condensation  algonthm  is  another 
important  difference  between  the  various  procedures.  One  of  the  important  numerical  improvements  has  been 
to  apply  methods  like  Singular  Value  Decomposition  (SVD)  for  condensation  of  the  data  and  for  estimating  the 
model  size  and  order. 

In  general,  low  order  ARMA  models  are  computationally  more  stable.  However,  they  require  considerably  more 
computer  resources.  The  significant  improvement  in  computer  performance  and  the  reduced  cost  of  memory 
has  made  lower  order  methods  attractive.  For  example,  the  ERA  method,  which  is  one  of  the  better  new 
techniques,  is  based  on  a  first  order  model.,  CMIF,  which  is  a  very  good  first-pass  algonthm,  is  based  on  a  zero 
order  model.  The  zero  order  model  uses  only  the  spatial  information,  CMIF  will  be  reviewed  in  one  of  the 
following  examples 

Future  parameter  identification  algorithms  will  take  advantage  of  this  unified  approach  They  will  have  the 
flexibility  to  handle  large  data  sets  taken  in  the  time  or  frequency  domain.  There  is  currently  a  significant  effort 
in  this  area  to  include  the  moving  average  terms  (both  input  and  noise)  in  the  ARMA  model  formulation. 
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Examples: 

Multiple  Reference  Impact  Testing 

Impact  testing  has  historically  been  used  as  a  simple,  quick  testing  method  to  gather  data  for  trouble  shooting 
of  vibration  priiblems.  Impact  testing  was  often  used  with  a  simple  parameter  estimation  procedure  to  extract 
a  set  of  modal  parameters  for  trouble  shooting.  Results  could  be  obtained  in  a  minimum  amount  of  time  with 
minimum  effort.  One  of  the  fairly  recent  developments  has  been  to  use  several  reference  response  transducers 
This  allows  a  set  of  simultaneous  measurements  which  can  be  used  with  several  of  the  new  multiple  reference 
parameter  estimation  algorithms  to  better  separate 
closely  coupled  modes. 

The  testing  procedure  involves  the  simultaneous  measurement  of  the  responses  from  several  reference 
transducers.  This  requires  a  multiple  channel  data  acquisition  system.  There  are  currently  a  number  of  relatively 
inexpensive  multiple  channel  analyzers  or  PC  based  systems  which  can  be  used  to  process  this  type  of  data. 

The  measurements  are  processed  in  the  same  manner  as  conventional  impact  measurements  by  applying  force 
and  response  windows  to  the  data  and  computing  frequency  response  functions.  The  impact  point  is  roved  to 
the  measurement  points  on  the  structure  and  the  resulting  frequency  response  functions  are  used  to  generate  a 
set  of  multiple  reference  data  by  using  Maxwell’s  reciprocity  relationships. 

The  resulting  data  set  can  be  processed  using  any  of  the  multiple  reference  parameter  estimation  algorithms. 
A  simple  algorithm  which  is  useful  for  processing  this  type  of  data  is  the  CMIF  method.  This  method  is 
essentially  a  multiple  reference  equivalent  of  the  historically  single  degree-of-freedom  algorithms.  It  is  a  spatial 
domain  method. 

The  CMIF  method  measures  an  operating  mode  at  each  frequency  and  for  each  reference  point..  For  example, 
if  there  are  three  reference  transducers,  three  operating  mode  shapes  are  estimated  >i  each  spectral  line.  A  SVD 
is  performed  on  the  three  operating  modes  shapes.  The  operating  modes  shapes  are  put  in  matrix  form  with 
each  mode  shape  being  a  column  in  the  matrix.  The  matrix  is  rectangular,  with  the  number  of  rows  equal  to 
the  number  of  measured  points  and  the  number  of  columns  equal  to  the  number  of  reference  points.  A  SVD 
is  performed  on  the  matrix.  The  SVD  decomposes  the  matrix  into  the  product  of  three  matrices: 

SVD{1f)=UWV^  (6) 


where  *F  =  matrix  of  forced  modes 


The  U  matrix  is  a  unitary  matrix  whose  columns  arc  estimates  of  the  eigenvectors.  The  W  matrix  is 
a  diagonal  matrix  of  singular  values.  The  CMIF  function  is  a  plot  of  the  elements  of  the  singular 
values  as  a  function  of  frequency  This  plot  has  the  characteristics  of  a  power  spectrum  plot  with 
each  singular  value  generating  a  separate  curve.  These  curves  peak  at  the  frequency  of  the 
eigenvalues.  This  plot  can  be  used  to  determine  if  the  data  has  repeated  or  pseudo-repeated  modes. 
The  matrix  V  is  the  modal  participation  matrix.  Each  row  of  this  matrix  can  be  used  to  determine 
the  contribution  of  each  eigenvector  at  the  reference  point.  The  eigenvectors  determined  by  CMIF 
are  a  set  of  orthogonal  vectors  If  the  data  is  weighted  with  the  mass  matrix  before  the  CMIF 
computation,  the  CMIF  eigenvectors  are  orthogonal  with  respect  to  the  mass  matrix. 
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Since  the  CMIF  method  only  uses  spatial  data,  it  cannot  estimate  the  eigenvalues  Therefore,  a  second  step  is 
performed  where  the  CMIF  eigenvectors  are  used  as  weighting  functions  in  the  computation  of  enhanced 
frequency  response  functions.  The  eigenvalues  are  estimated  by  curve  fitting  the  resulting  enhanced  frequency 
response  functions. 

A  circular  plate  is  used  as  an  example  of  the 
multiple  reference  impact  method.  The  plate  is  used 
since  it  has  a  number  of  repeated  roots.  In  this 
impact  test  an  eight  channel  system  was  used  to 
collect  the  measurements.  The  impact  hammer 
signal  was  input  into  one  channel  and  seven 
accelerometers  were  input  into  the  other  channels. 

The  accelerometer  positions  were  chosen  to 
determine  the  repeated  roots.  A  schematic  of  the 
setup  on  the  circular  plate  is  shown  in  Figure  1. 

A  typical  driving  point  frequency  response  function 
for  the  circular  plate  is  shown  in  Figure  2.  The 
CMIF  plot  is  shown  in  Figure  3.  In  order  to  show 
more  detail,  the  plot  is  expanded  to  include  the  first 
two  peaks  in  Figure  4.  As  can  be  seen  in  this  figure, 
the  CMIF  function  peaks  at  the  natural  frequencies 
of  the  system.  For  the  repeated  roots  both  the  Ist  and  2nd  singular  values  peak  at  the  natural  frequencies.  For 
the  non-repeated  root,  only  the  first  singular  value  peaks.  It  is  relatively  easy  to  determine  the  number  of 
eigenvalues  from  the  CMIF  plot  and  to  determine  if  a  repeated  eigenvalue  exists. 

In  order  to  determine  the  eigenvalues,  the  CMIF  eigenvector  is  used  to  compute  a  set  of  enhanced  frequency 
response  functions.  A  typical  enhanced  frequency  response  function  is  shown  in  Figure  5.  The  eigenvalues  and 
the  modal  scale  factors  can  be  estimated  by  curve  fitting  the  enhanced  frequency  response  functions. 

A  typical  set  of  eigenvectors  for  one  of  the  repeated  roots  is  shown  in  Figure  6. 

If  a  multiple  channel  data  acquisition  system  is  available,  the  multiple  reference  impact  testing  method  is  an  easy 
method  to  apply.  Used  with  the  CMIF  curve  fitting  algorithm,  it  is  a  powerful  trouble  shooting  method. 


Figure  1  -  Schematic  of  Test  Setup  on  Circular  Plate 
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Figure  5  -  Typicil  Enhiaced  Enhtnced  Frequency 
Response  Plot 


Spatial  Sine  Testing 

A  spatial  sine  testing  system  is  currently  being  developed 
at  the  University  of  Cincinnati.  This  approach  uses 
elements  of  both  the  normal  mode  testing  and  the 
parameter  estimation  methods.  The  spatial  sine  testing 
system  is  designed  to  measure  a  large  number  of 
response  and  input  channels  simultaneously.  Currently, 
it  can  handle  1024  response  channels  and  32  input 
channels. 


The  spatial  sine  method  is  based  upon  a  direct  parameter 
estimation  procedure  which  utilizes  frequency  domain 
data  to  estimate  system  characteristic  matrices  which  can 
be  solved  for  the  modal  parameters.  The  data  that  are 
input  into  this  procedure  are  measured  force  modes  of  vibration  These  data  can  be  generated  from  measured 
multiple  reference  frequency  response  data  or  more  simply  from  a  sine  test. 


Typical  Rapaatad  Roots 


Figure  6-  Typical  Repealed  Root  Eigenvectors 


The  sine  test  is  similar  to  the  test  setup  for  a  tuned  normal  mode  test.  Instead  of  tuning  normal  modes,  operating 
mode  shapes  are  measured  by  applying  an  arbitrary  forcing  vector  to  the  structure  (forcing  pattern  and 
frequency).  The  forced  response  vector  of  the  system  is  measured. 


The  current  project  to  develop  the  spatial  sine  testing  system  has  been  active  for  several  years  at  the  University 
of  Cincinnati's  Structural  Dynamics  Research  Laboratory.  The  sine  testing  system  utilizes  a  modified  PCB  Data 
Harvester  System.  The  system  has  been  modified  to  use  a  built  in  signal  processing  capability  to  measure  the 
Fourier  coefficients  of  the  response  and  excitation  signals  at  the  excitation  frequency  This  data  is  transferred 
to  an  IBM  PC  which  is  used  to  control,  collect  and  display  the  data  in  real  time.  The  PC  has  a  real  time 
animation  feature  which  displays  the  measured  forced  response  vector.  This  PC  also  supplies  the  excitation 
forcing  vector  signal. 


The  PC  is  networked  to  several  other  computers  which  perform  the  sliding  window  parameter  estimation  task 
and  supply  the  dynamic  input  information 

The  measured  forced  response  and  forcing  vector  arc  used  as  input  into  a  sliding  w...dow  direct  parameter 
estimation  algorithm.  This  method  has  several  potential  advantages. 


1 )  The  signal  processing  requirements  are  tremendously  reduced.  Rather  than  compute  spectrums 
for  each  point  on  the  structure,  information  is  measured  at  a  single  frequency.  This  substantially 
reduces  the  memory  requirements  of  the  data  acquisition  system.  At  the  present  time  this 
corresponds  to  a  significant  cost  saving  for  a  multiple  channel  system.  However,  as  mentioned 
previously,  the  prices  of  various  types  of  memory  are  currently  changing  substantially;  thus,  this 
advantage  may  be  temporary.  By  the  time  this  technology  is  fully  developed,  the  memory  cost 
may  insignificant. 

2)  Since  the  direct  parameter  estimation  works  in  the  frequency  domain,  measuring  data  directly  in 
the  frequency  domain  eliminates  several  standard  signal  processing  errors,  such  as  leakage.  It 
also  allows  for  various  types  of  frequency-domain  weighting  of  the  data.  Vanable  frequency 
steps  and  adaptive  averaging  at  selected  frequencies  are  examples. 

3)  It  permits  the  use  of  randomized  forcing  patterns  in  different  frequency  regions  to  investigate 
and/or  minimize  nonlinearities. 

4)  It  allows  adaptive  control  of  the  forcing  conditions  (step  size,  forcing  patterns,  averaging  process, 
etc)  to  optimize  the  parameter  estimation  process  in  a  sliding  window. 

The  direct  parameter  estimation  algorithm  uses  a  low  order  ARMA  model  with  the  responses  and  inputs  used 
as  inputs.  The  moving  average  terms  include  the  input  data,  but  the  noise  data  is  handled  by  signal  processing. 
The  advantage  of  including  the  MA  terms  is  that  it  is  not  necessary  to  compute  frequency  response  functions. 
The  main  advantages  of  the  frequency  domain  formulation  is  that  the  data  can  be  processed  in  small  frequency 
bands.  This  reduces  the  number  of  eigenvalues  that  must  be  included  in  an  estimation  cycle.  In  fact,  the 
algorithm  currently  being  developed  will  use  a  sliding  window  concept.  In  this  concept  a  small  frequency  band 
of  data  will  progressively  slide  over  the  data  The  size  of  the  window,  the  number  of  forcing  vectors  and  the 
size  of  the  frequency  steps  will  be  varied  to  accommodate  the  number  of  significant  eigenvalues  in  each 
frequency  band. 

The  parameter  estimation  procedure  uses  the  following  mathematical  model: 


=  {[flj  + 


(7) 


Nonlinearities  will  present  a  set  of  unique  problems  for  the  spatial  sine  testing  method  and  this  will  be  the  basis 
for  future  studies. 

Perturbed  Boundary  Condition  (PBC)  Testing 

Another  of  the  major  research  efforts  at  the  University  of  Cincinnati  over  the  past  several  years  has  been  the 
development  of  a  Perturbed  Boundary  Condition  (PBC)  testing  method  In  this  nethod  a  test  article  or 
component  is  tested  in  a  number  of  different  configurations  where  each  configuration  consists  of  a  modification 
of  one  or  more  of  the  system's  boundary  conditions  The  primary  purpose  of  this  research  has  been  to  develop 
a  more  complete  modal  model  of  a  test  article  with  experimental  data.  In  a  standard  modal  testing  method,  a 
modal  model  is  normally  based  upon  a  single  testing  configuration  (i.e.;  free-free,  fixed  boundary  condition,  etc). 
During  the  past  10  year$,there  has  oeen  great  development  in  the  Multiple  Input  Multiple  Output  (MIMO) 
measurement  and  parameter  estimation  methods.  The  MIMO  research  has  significantly  increased  the  ability  to 
measure  a  modal  model  for  a  single  boundary  condition.  The  number  of  modes  which  can  be  extracted  by  these 
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methods  consists  of  the  10  to  40  lowest  frequency  modes  for  the  given  test  configuration  depending  on  the 
noise,  nonlinearities,  damping  and  modal  coupling,  etc.  In  the  PBC  method,  however,  the  syste*  is  tested  in 
a  number  of  drastically  different  configurations  with  the  lowest  10-40  modes  determined  for  each  configuration. 
The  boundary  conditions  act  to  filter  the  original  modal  space  of  the  system  into  different  subspaces.  These 
subspaces  can  be  used  as  a  database  to  develop  a  more  complete  modal  model  of  the  system. 

The  recent  develoments  in  data  acquisition  systems  make  it  possible  to  measure  a  large  number  of  test 
configurations  in  a  timely  fashion  As  a  result,  it  is  possible  to  collect  the  necessary  measurements  to 
implement  a  PBC  test. 

The  current  research  effort  is  to  develop  methods  to  condense  the  measured  subspace  information  into  a  modal 
model.  There  are  three  methods  currently  being  considered; 

ARMA  ~  In  the  ARMA  approach  the  responses,  the  applied  forces  and  the  boundary  forces  are 
measured  and  input  into  an  parameter  estimation  process  for  determining  the  coefficients  of  an  ARMA 
model  which  describes  the  ffee-free  component.  The  boundary  forces  are  either  directly  measured  or 
are  measured  indirectly  by  measuring  the  re^nse  of  the  boundary  points. 

Transformation  Method  —  In  this  method  a  modal  database  is  measured  for  each  PBC  conditions.  The 
stiffness  and  mass  perturbations  at  the  boundary  points  are  analytically  remove  to  obtain  the  free-free 
case  for  each  PBC  test.  A  transfoimation  method  such  as  Singular  Value  Decomposition  (SVD)  is  used 
to  condense  the  various  estimates  of  the  free-free  system  into  a  consistent  model. 

Finite  Eiement  Updating  Method  ~  In  the  finite  element  method  each  PBC  configuration  is  updated 
against  the  finite  eiement  model  of  the  system.  The  procedure  is  the  find  the  finite  eiement  model  which 
best  describes  all  configurations. 


Currently  ,  the  ARMA  method  and  the  transformation  method  are  being  studied  and  the  research  effort  is  just 
starting  on  the  finite  element  updating  approach 

Conclusions 

Over  the  past  several  years  there  has  been  an  increased  requirement  to  experimentally  measure  a  modal  model.. 
Modal  models  are  being  used  to  verify  and  update  finite  element  models  and  as  substructures  in  larger  system 
models.  This  has  placed  increasing  requirements  on  the  testing  and  identification  procedures. 

Multiple  input  and  output  measurement  methods  are  being  developed  to  address  the  increased  requirements. 
Large  data  acquisition  systems  have  been  developed  in  recent  years  and  currently  there  is  an  earnest  effort  to 
develop  the  testing  procedures  and  the  parameter  estimation  methods  to  support  these  systems.  These  efforts 
will  continue  in  the  future. 
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ABSTRACT 

A  technique  to  directly  update  nonconservative  Finite  Element  dynamic  models  from  input-output 
experimental  data  is  developed.  The  method  totally  circumvents  the  modal  identification  process  and 
thus  is  advantageous  in  eliminating  the  adverse  effects  of  a  host  of  identification  errors.  In  addition,  the 
procedure  requires  neither  the  matching,  or  pairing,  of  experimental  and  analytical  data  sets  nor  the  use  of 
the  discrepancy  between  values  of  the  two  sets. 

In  general,  the  theory  allows  any  type  of  force  input(s)  and  complete  updating  of  the  mass,  damping 
and  stiffness  matrices  is  accomplished  using  only  the  response  measured  at  two  time  instants.  However, 
to  avoid  the  simultaneous  measurement  of  displacements,  velocities  and  accelerations,  harmonic  excitation 
is  recommended  at  this  stage.. 

The  system’s  spatial  matrices  are  modeled  using  the  Finite  Element  model  submatrices.  Damping 
mechanisms  can  be  modeled  as  viscous,  structural,  a  combination  of  the  two,  or  others. 

Several  simulated  experiments  are  presented  in  support  of  the  proposed  approach. 
NOMENCLATURE 


c 

Ck, 

Ck 

Cmi 

Cm 

c, 


number  of  damping  submatrices 

correction  factor  for  stiffness  prop<»1ional  damping  submatrix 
a  vector  cid’s 

correction  factor  for  mass  proporational  damping  submatrix 
a  vector  of  Cmi’s 
damping  submatnx  no.  i 
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Cki 

Cu 

f 

1 

Im 

j 

k 

k. 

k 

Ku 

m 

m, 

tn 

Mu 

n 

N 

Re 

t 

T 

u 

V 

X 

X(t) 

y 

Greek  Symbols 

Oi 

/S.  ; 

0  ■: 

w 

Special  Symbols 

a  ; 

a 

a 

\ 

D  O.F.  :: 

F.E.  ; 


mass  proportional  damping  submatrix  no.  i 
stiffness  proportional  damping  submatrix  no.  i 
updated  damping  matrix 
excitation  force  vector 
index  or  i/^ 

imaginary  part  of  a  complex  quantity 
subscript 

number  of  stiffness  submatrices 

correction  factor  for  stiffness  submatrix  no.  i 

a  vector  of  k,’s 

updated  stiffness  matrix 

number  of  mass  submatrices 

correction  factor  for  mass  submatrix  no.  i 

vector  of  m,’s 

updated  mass  matrix 

number  of  degrees  of  freedom 

number  of  excitation  frequencies 

real  part  of  a  complex  quantity 

time 

number  of  time  measurements 

real  part  of  response  vector  amplitude 

imaginary  part  of  response  vector  amplitude 

horizontal  degree  of  freedom 

response  vector 

vertical  degree  of  freedom 

mass  submatrix  damping  proportionality  coefficient 
stiffness  submatrix  damping  proportionality  coefficient 
rotational  degree  of  freedom 
circular  frequency 

derivative  of  (a)  with  respect  to  time 
complex  quantity  a 

boldface  lower  case  indicates  a  vector  quantity 
boldface  upper  case  indicates  a  matrix 
Pseudo  inverse  of  A 
Degree  of  Freedom 
Finite  Element 
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1.  INTRODUCTION  AND  JUSTIFICATION 


The  classical  approach  for  dynamic  design  and  analysis  of  complex  structure  seems  to  have  reduced  in 
the  last  decade  to  the  following  three  steps; 

(i)  Finite  Element  Modeling  and  analysis  of  the  structure, 

(ii)  Vibration  testing  of  the  full  scale  structure  or  a  scaled  prototype  model, 

(iii)  Reconciliation  of  analysis  and  test  data  or  measured,  or  identified,  parameters. 

While  Finite  Element  modeling  and  vibration  testing  (mainly  for  modal  parameter  identification)  have 
both  advanced  to  a  reasonably  stage,  there  remains  a  host  of  uncertainties  in  the  two  processes'.. 

The  uncertainties  in  vibration  testing  and  identification  can  be  usually  minimized  or  reduced  by  the 
application  of  sophisticated  measurements  and  experimental  approaches,  test  configuration  and  selection  of 
test  boundary  condition,  linearity  checks,  use  of  multiple  techniques  for  data  analysis  or  identification,  . . 
etc..^  Thus,  it  has  become  an  acceptable  practice  to  use  the  experimental  data  base  as  a  reference  to  which 
the  analytical  model  is  adjusted,  optimized  or  updated. 

Among  the  many  possible  quantities  or  variables  to  be  used  as  the  basis  for  comparing  the  test  data 
to  those  of  the  analytical  model,  and  subsequently  use  the  discrepancy  to  adjust  or  update  the  analytical 
model,  normal  mode  parameters  have  emerged  as  the  most  commonly  used.  The  choice  of  modal  parameters 
has  only  been  the  natural  choice  mainly  due  to  the  education  and  conditioning  of  vibrations  engineers  and 
scientists.  The  choice  of  normal  modes  versus  complex  modes  is  dictated  by  the  lack  of  progress  in  the 
accurate  modeling  of  damping  mechanisms  in  Finite  Element  Models. 

Majority,  or  approximately  all,  of  the  existing  techniques  in  dynamic  model  updating  fall  into  the  modal 
approach;  specifically  normal  modes.  In  general,  the  computed  modal  parameters  from  the  F.E.  model  and 
the  identified  normal  modes  from  a  modal  survey  test  are  compared  to  establish  the  need,  if  any,  for  updating 
the  analytical  model.  It  must  be  noted  here  that  the  identified  test  modes  are  the  modes  corresponding  to  the 
damped  structure;  complex  modes.  Computing  test  normal  modes  from  the  identified  ones  involves  some 
approximations^''*  in  which  the  errors  of  approximation  are  prc^rtional  to  mode  complexity. 

In  using  the  modal  approach  to  update  analytical  models,  it  is  necessary  to  match,  or  pair,  analytical 
and  test  modal  parameters;  frequencies  as  well  as  mode  shapes.  Such  matching  process  is  not  always  easy, 
accurate  or  possible  especially  for  structures  with  high  modal  densities.  Erroneous  pairing  of  modes  can, 
in  many  cases,  result  in  an  updated  model  which  is  worse  than  the  original  one.  In  addition,  the  minimum 
number  of  mode  sets,  or  pairs,  required  for  optimum  or  unique  updating  remain  to  be  a  subject  for  further 
invesugation.  The  two  response  approach^  addressed  these  two  critical  points  by  limiting  the  minimum 
number  of  test  modes  required  for  "unique”  updating  to  two  modes. 

Another  concern  in  using  the  modal  approach  in  model  updating,  and  specifically  when  the  discrepancy 
between  the  analytical  and  test  modes  is  implemented  in  the  updating  algorithm,  is  identification  errors. 

Even  though  modal  identification  has  reached  higher  levels  of  accuracy  in  recent  years,  in  some 
techniques  errors  of  as  much  as  ten  percent  arc  not  unusual*.  These  errors  by  themselves  are  of  the 
same  order  of  magnitude  of  the  difference  between  lest  and  analysis  data. 

Despite  the  numerous  negative,  or  undesirable,  characteristics  of  the  normal  modes  based  analytical 
model  updating,  the  approach  possesses  many  positive  aspects.  Several  promising  and  powerful  techniques 
exist’"'’.. 

An  alternative  to  the  modal  approach  in  analytical  dynamic  model  updanng  is  the  direct  use  of  the  input- 
output  responses  of  the  test  structure  and  the  analytical  model  as  the  basis  for  updating.  The  attractiveness 
of  this  concept  is  based  on  the  facts  that: 

(i)  No  modal  identification  is  performed. 
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(ii)  Identification  errors  arc  removed  from  the  updating  process. 

(iii)  No  matching  or  pairing  of  modes  is  necessary. 

(iv)  Outputs,  or  response,  contain  the  structure’s  damping  information. 

Schematic  representation  of  the  modal  and  non-modal  approaches  in  updating  is  shown  in  Figure  1. 


MODAL  vs.  INPUT-OUTPUT 


Figure  1.  Modal  Versus  Nonmodal  Approaches  in  Model  Updating 

Recognizing  the  merits  of  the  input-output  non-modal  approach  is  on  the  increase  and  more  literature 
on  the  subject  is  slowly  emerging.  Among  the  recent  work  on  the  subject  is  the  approach  presented  by  Lin 
and  Ewins‘*  who  use  the  difference  between  the  measured  and  analytical  frequency  response  functions  to 
compute  mass  and  stiffness  corrections.  Lee  and  Dobson”  suggested  using  a  reduced  model,  containing 
comparable  degrees  of  freedom,,  which  is  directly  determined  from  measured  transfer  functions.  Friswell 
and  Penny^°  proposed  a  technique  to  update  selected  physical  parameters  of  a  F.E.  model  directly  from 
measured  frequency  response  functions,  Larsson  and  Sas^'  addressed,  in  general,  measurements  limitation 
and  numencal  aspects  of  the  input-output  updating  procedures.  Natke^^  and  Leuridan,  Brown  and  Allemany^ 
made  early  and  important  contributions  to  this  subject. 

The  method  presented  here  uses  neither  modal  parameters  nor  frequency  response  functions.  It  requires 
only  the  measured  input-output  responses  at  a  limited  number  of  time  instants  to  correct  the  entire  unreduced 
F.E.  model. 

2.  THEORY  OF  THE  TECHNIQUE 

The  procedure  is  here  derived  to  correct  or  update  a  F.E.  model  with  n  degrees  of  freedom.  This  model  is 
represented  by  a  mass  matrix  and  stiffness  matrix  K^.  In  addition,  it  is  assumed  that  sets  of  submatrices 
M,,  C,  and  K,  are  known  and  that  the  updated  mass,  damping  and  stiffness  matrices  are  of  the  form: 

m 

=  (1.1) 

1=1 

C 

Ci/  =  ^c,C.  (1.2) 

1=1 
k 

Kf,  =  53<r,K,  (1.3) 

1=1 
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where  the  coefficients  m,,  c,  and  A:,  are  the  unity  based  correction  factors  and  arc  equal  to  one  if  the  model 
requires  no  correction.  The  mass  and  stiffness  submatrices  are  selected  from: 

(1)  Finite  Element  Model: 

-  at  sub  element  level 

-  at  element  level 

-  at  macro  element  level 

-  at  component  or  substructure  level 

-  at  modeling  parameters  level 

(2)  special  Matrices 

which  are  any  masses  or  springs  combination  that  analyst  or  dynamistic  may  choose  to  add  to  -ompensate 
for  F.E.  modeling  oversights. 

The  choice  of  the  damping  matrices  is  more  difficult  since  most  F.E.  models  do  not  usually  contain 
any  realistic  damping  models.  At  this  stage  the  damping  submatrices  are  selected  as  proportional  damping 
at  the  element  level.  That  is: 

—  CmiCfni  +  (2) 

It  is  to  be  noted,  however,  that  the  updated  damping  matrix  is  not  assumed  as  proportional  since  the 
coefficients  c*,  and  Cmi  are  not  assumed  to  be  the  same  for  different  damping  submatrices. 

In  addition  to  the  previous  requirements  from  the  analytical  model,  the  approach  assumes  the  availability 
of  input  force(s)  to  the  structure  and  the  responses  measurements  at  the  full  vector  of  degrees  of  freedom 
of  the  analytical  model;  or  the  expanded  and  smoothed  one.  The  method  allows  damping  to  be  modeled  as 
viscous  or  structural  or  a  combination  of  the  two.  The  derivation  here  assumes  viscous  damping  and  results 
can  be  extended  to  other  damping  mechanisms. 


The  structure,  being  assumed  linear,  is  thus  governed  by  the  equations: 


M{/x(f)  +  C{/x(t)  +  K(/x(f)  =  f(f)‘  (3) 

Substituting  equations  (1)  and  (2)  into  equation  (3)  gives 

m  c 

^  m,M,Xj  +  53  (  +  C|l,C*,)X; 

1=1  1=1 

k 

(4) 

1=1 

where  the  index  j  denotes  the  time  tj.-  Since  the  mass,  damping  and  stiffness  submatrices  are  preselected 
and  known  and  the  input-output  responses  are  measured,  equation  (4)  c.m  be  rewritten  as 


A^m  +  B,Cm  -f-  DjCt  -f  E;k  =  fj 


[Aj  Bj  Dj 

which  represents  n  equations  in  (m  -f  2c  -t-  k)  unknowns 


m 

Ct 

k 


=  f, 


(5) 

(6) 


The  time  instances  at  which  equation  (6)  must  be  repeated  is  T  times,  where  T  satisfies  the  relation: 

nT  >  2{m  -f  2r  -t-  (7) 

This  allows  for  the  direct  solution  of  an  ovcrdeteimined  system  of  equations  or  the  direct  solution  and  the 
computation  of  uniqueness  factors. 
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2.1  IVpes  of  Excitation  and  Harmonic  Response 


Theoretically,  the  previous  derivation  allows  for  any  type  of  force  input  as  long  as  the  responses  at 
t],  ]  =  1, ...  r  are  independent.  A  major  disadvantage,  however,  is  the  apparent  need  to  simultaneously 
measure  the  displacement,  velocity  and  acceleration  at  every  selected  coordinate.  A  practical  difficulty. 

To  circumvent  such  a  need,  sinusoidal  excitation  render  itself  as  the  logical  solution  to  this  problem. 
If  the  force  input  is 

f(<)  =  f,e‘"'^‘  (8) 

then  the  responses  are 

Xj(t)  = 

Xj{t)  = 

x,{t)  = 

and  equation  (6),  which  in  this  case  is  divided 

D; 

of  excitation.  The  minimum  no  of  frequencies  required  in  this 
nN  >(Tn  +  2c+  k)  (11) 


A; 

[f,  G, 

and  j  in  this  case  denotes  the  frequency 
case  is  N  which  must  satisfy: 


(9.1) 

(9.2) 

-tuJ(Uj  + 

into  real  and  imaginary,  takes  the  form: 

(9.3) 

(  m 

1 

Ej]  J  Cm 

I J  1  Cl  1 

II 

(10) 

2.2  Solutions  of  Governing  Equations 

The  previous  formulation  yields  a  set  of  nonhomogeneous  linear  algebraic  equations  of  the  form: 

Q;P,  =  d,  (12) 

where  the  vectors  of  the  matrix  are  the  products  of  the  selected  submatrices  M„  Cm,,  C*,  and  K,  and 
the  structure’s  response  vectors  as  shown  in  equation  (4).  The  vector  p;  represents  the  unknown  coefficients 
and  the  right  hand  side  vector  is  the  forces(s)  input.  The  index  j  designates  a  time  instant,  equation  (6), 
or  excitation  frequency,  equation  (10).  Equation  (12)  can  be  repeated  for  T  time  instances  or  N  frequencies. 

2.2.1  Direct  Solution 

Equations  (12)  with  j  =  I,. .  .T  or  j  =  1,. ..  N  represent  an  over  specified  system  of  linear  equations 
which  can  be  solved  in  the  least  squares  sense  for  the  vector  of  unknown  correction  coefficients.  Such  a 
method  of  solution  is  useful  at  initial  stages  of  updating  procedure  to  localize  modeling  errors  or  to  reduce 
the  number  of  elements  to  be  corrected.  It  is  also  possible  however  to  use  this  direct  solution  as  a  one 
step  updating. 

2.2.2  Solution  for  Computing  Uniqueness  Factors 

In  this  approach  the  system  of  equations  (12)  is  divided  into  a  nonhomogeneous  part 

QiP  =  d,  (13) 

and  the  remainder  of  equations  is  thus  homogeneous  and  of  the  form: 

Qa  P  =  0  (14) 
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which  is  then  partitioned  as: 


[Ai  -B,lfa| 

[A2  -Bijlbi 

(15) 

Now  equation  (15)  is  divided  into  two  sets  of  equations; 

Aiai  =  Bibi 

(16.1) 

and 

A2a2  =  B2b2 

(16.2) 

The  same  unknowns  a  and  b  are  noticed  to  be  different  in  the  two  sets.  To  enforce  uniqueness  it  is 
assumed  that: 

J  ai  =  ra2  (17.1) 

b,  =  sbz  (17.2) 

Thus  equations  (16)  and  (17)  are  reduced  to: 

A+B1B+A2  a  =  (?a  (18) 

which  is  an  eigenvalue  problem.  The  eigenvalues  Q  will  have  one  of  the  values  equal  to  unity  for  perfect 
or  unique  updating.  The  eigenvectors  are  the  unsealed  correction  coefficients  a.  Part  b  of  the  unknown 
unsealed  coefficients  is  obtainable  from: 


b  =  B+Ai  a  (19) 

Now  to  correctly  scale  the  correction  coefficients,  Equation  (13)  is  used.  Letting  the  scaling  factor  be  j,  then 

3Qi{“}  =  d,  (20) 

from  which  s  is  computed. 

2.3  Comments  on  the  Condition  of  Solution: 

The  approach  presented  here  is  quite  different  from  other  approaches  which  require  the  inversion  of  the 
system’s  response  matrix  composed  of  responses  measured  at  many  time  instances  or  many  frequencies. 
In  the  latter,  it  is  known  that  the  rank  of  the  response  matrix  will  be  equal  to  twice  the  number  of  modes 
excited  in  these  responses. 

In  the  method  under  consideration  each  element  1,  for  excitation  frequencies  j,  will  have  four  vectors  in 
the  coefficient  matrix  of  equation  (12).  These  are: 


Hence,  the  condition  of  solution  here  is  totally  different  and  is  function  only  of  the  selection  of  the  system 
submatnees.  For  example  if  for  an  element  with  K,  and  M,  pioportional,  which  is  very  unlikely,  singularity 
will  occur  A  favorable  factor  here  is  the  fact  that  the  system’s  submatrices  are  user’s  selected  and  the 
condition  of  solution  can  be  controlled  and/or  improve  by  proper  selection. 
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3.  SIMULATED  EXPERIMENTS 


The  structure  which  was  selected  to  test  the  proposed  approach  is  shown  in  Figure  2.  An  element  j 
is  preceded  by  node  no.  j  -  1  and  terminated  by  the  jth  node.  For  the  analytical  model,  six  dcgrees-of- 
freedom  beam  elements  are  used  in  the  F.E.  analysis.  Table  1  shows  the  nodal  coordinates  of  the  model. 
The  cross-sectional  area  of  the  beam  elements  is  0.005  m‘,  the  modulus  of  elasticity  is  taken  equal  to  70 
GPa  and  the  density  2700  kg/m^.. 


Figure  2  Test  Structure 


Table  1.  Nodal  Coordinates 


Node  No. 

r  Nodal  Coordinates  (m) 

X 

y 

1 

0. 

0. 

2 

0.125 

0. 

3 

0.250 

0. 

4 

0.375 

0. 

5 

0. 

6 

0.675 

0. 

7 

0.750 

0. 

8 

0.875 

0. 

9 

1.000 

0. 

10 

1.000 

11 

1.000 

12 

1.000 

0.225 

13 

1.000 

0.3 

14 

0.875 

0.3 

15 

0.756 

0.3 

16 

0.675 

0.3 

17 

0.500 

0.3 

18 

0.375 

0.3 

19 

0.2'^'' 

0.3 
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Thus  the  structure  is  modeled  as  a  54  D.O.F..  system.  Each  node  is  assigned  an  x,  y  and  B  D.O.F. 
respectively..  Table  2  shows  the  designated  degrees  of  freedom.  The  significance  of  this  table  is  to  relate 
excitation  force  vectors  to  a  particulr  type  of  D.O.F., 


Table  2.  Node  and  D.O.F.  Designation 


Node 

D.O.F.  1 

X 

y 

e 

2 

1 

2 

3 

3 

4 

5 

6 

4 

7 

8 

9 

5 

10 

11 

12 

6 

13 

14 

15 

7 

16 

17 

18 

8 

19 

20 

21 

9 

22 

23 

24 

10 

25 

26 

27 

11 

28 

29 

30 

12 

31 

32 

33 

13 

34 

35 

36 

14 

37 

38 

39 

15 

40 

41 

42 

16 

43 

44 

45 

17 

46 

47 

48 

18 

49 

50 

51 

19 

52 

53 

54 

The  test  model  is  created  by  perturbing  the  properties  of  the  elements  as  shown  in  Table  3.  The  responses 
at  the  54  degrees-of-frecdom  were  computed  using  a  variety  of  sinusoidal  input  forces. 

In  order  to  understand  and  explain  the  selection  of  the  input  forces'  frequencies,  the  first  ten  resonant 
circular  frequencies  of  the  analytical  model  are:; 


No. 

1 

2 

3 

4 

5 

6 

7 

8 

9 

10 


u;(rad/s) 

.181866E-K)3 

.264177E+03 

.973889E-K)3 

.203507E-K)4 

.358882E404 

.564278E404 

.725125E404 

981816E-t04 

.113561E405 

.148689E-M)5 


Numerous  updating  tests  we  conducted  with  different  types  of  excitations,  damping  and  updating  models. 
A  summary  of  the  tests  is  shown  in  Table  4. 
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llible  3.  Element  Perturbation  Factors  for  Test  Model 


Element  No 

Mass 

Stiffness 

Damping  | 

Mass  Proportional 

Stiffness 

Proportional 

(xlO®) 

1 

1.0 

1.0 

1. 

0.5 

2 

1.0 

1.0 

2. 

1.0 

3 

1.4 

1.4 

3. 

1.5 

4 

1.6 

1.0 

4. 

2.0 

5 

1.0 

1.0 

5. 

2.5 

6 

1  i 

0.85 

6. 

3.0 

7 

1.0 

1.0 

5. 

2.5 

8 

1.0 

1.0 

4. 

2.0 

9 

1.0 

1.0 

3. 

1.5 

10 

1.0 

1.2 

2. 

1.0 

11 

1.0 

1.0 

1.. 

0.5 

12 

1.0 

1.0 

2. 

1.0 

13 

1.0 

1.0 

3. 

1.5 

14 

0.8 

1.3 

4. 

2.0 

15 

1.0 

1.0 

5. 

2.5 

16 

1.0 

1.0 

6. 

3.0 

17 

1.0 

1.0 

5. 

2.5 

18 

1.5 

1.0 

4. 

2.0 

In  these  tests,  and  from  equation  (11),  the  number  of  frequencies  required  N  is; 

18 +  2(18) +  18 
N>4/3 

for  \/hich  reason  two  frequencies  were  used  in  all  tests. 

3.1  Results 

The  method  of  solution  to  compute  a  uniqueness  factor  was  used  in  all  updatings. 

Except  for  tests  10, 11,  Band  14  uniqueness  factors  of  unity  were  obtained  and  the  computed  corrections 
factors  were  the  theoretical  ones  to  six  digits  of  accuracy. 

In  tests  10  and  1 1,  the  structure  was  viscously  damped,  but  the  updating  model  used  had  no  damping. 
Result.s  are  shown  in  Table  5.  It  is  to  be  noticed  that  while  responses  for  test  1 1  were  near  resonance,  where 
damping  effects  are  maximum,  those  for  test  10  were  measured  in  the  anti-resonance  regions. 

Table  5  also  lists  results  for  tests  13  and  14  in  which  damping  was  erroneously  modeled  in  the  updating 
procedure.  While  damping  correction  coefficients  contained  large  errors,  due  to  the  difference  in  actual  and 
modeled  damping  mechanisms,  mass  and  stiffne.ss  correction  coefficients  were  accurately  identified. 
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'Rible  4.  Summary  of  Updating  Tests 


Test  No. 

Damping  Model  | 

Force  Frequency 
rad/s 

No.  of  Forces 
and  Coordinates 

Test  Structure 

1 

undamped 

undamped 

180.00* 

4(5.17,31,38) 

2000.00* 

4(5,17,31,38) 

2 

undamped 

undamped 

180.00* 

1(53) 

2000.00* 

1(53) 

3 

undamped 

undamped 

20.00 

1(53) 

8500.00 

1(52) 

4 

undamped 

undamped 

20.00 

1(22) 

8500.00 

1(22) 

5 

undamped 

undamped 

500.00 

1(22) 

8500.00 

1(22) 

6 

viscous 

viscous 

180.00* 

4(5,17,31,38) 

2000.00* 

4(8,20,28,53) 

7 

viscous 

viscous 

180.00* 

1(17) 

2000.00* 

1(53) 

8 

viscous 

viscous 

500.00 

1(17) 

8000.00 

1(53) 

9 

viscous 

viscous 

30.00 

1(17) 

8000.00 

1(17) 

10 

viscous 

undamped 

30.00 

1(17) 

8000.00 

1(17) 

11 

viscous 

undamped 

180.00* 

1(17) 

260.00* 

1(17) 

12 

structural 

structural 

180.00* 

1(17) 

260.00* 

1(17) 

13 

structural 

viscous 

180.00* 

1(17) 

260.00* 

1(17) 

VISCOUS 

structural 

180.00* 

1(17) 

260.00* 

1(17) 

15  I 

undamped 

viscous 

30.00 

1(17) 

8000.00 

1(17) 

^Indicates  a  frequency  close  io  a  natural  frequency. 
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Table  5.  Test  Results  of  Tests  with  Wrong  Modeling^*) 


Test  no. 

10“> 

11® 

,311) 

14(4) 

Uniqueness  Fictor  | 

0.995162 

0.988633 

1.00000 

1.00002  1 

Cc.^ection  Coefficienu  for  Mass  and  Stiffness  SubmaliKcx  | 

Element 
no  j 

Rh 

III 

m, 

ki 

m, 

hi 

1 

996397E+00 

I00I26E>01 

.103420Ev01 

100S69E401 

.lOOOOOEvOI 

.lOOOOOEvOI 

.9933316400 

.9957826400 

2 

.995457E+00 

.lOOl^oEiOl 

.137418E'Xlt 

.140794E+01 

.lOOOOOEvOl 

.lOOoaoEvoi 

.995077E400 

.993786E-tOO 

3 

139474E+01 

140177E+01 

.160714E401 

.10Q573Ev«l 

.1400COEVO1 

I40000E40I 

.139399E401 

.1394116401 

4 

.159308E+01 

.100127E+01 

.974067E+01 

.100563E401 

.ISOOOOEvOI 

.lOOOOOEvOl 

.1592726401 

.9958036400 

5 

.996068E+00 

.100127E+01 

.109421EV01 

.8S4702E401 

.lOOOOOEvOl 

lOOOOOEvOl 

.9963936400 

.9958056400 

6 

.109437E+01 

8S1088E400 

.109421Et01 

.100S45E+01 

.llOOOOEvOl 

SSOOOOEvOO 

.1095486401 

.8464256400 

7 

.996125E+00 

100103Ev01 

97*799E+<I0 

.I00514Ev01 

.lOOOOOEvOl 

.lOOOOOEvOl 

.9962886400 

.9957976400 

8 

997583EtOO 

.lOOlSSEvOl 

.986209EVO0 

I00494EvOI 

lOOOOOEvOI 

lOOOOOEvOl 

.9959456400 

.9957866400 

9 

.989622E+00 

.1002.59EI01 

.986570E+00 

100494E40I 

.lOOOOOEvOl 

lOOOOOEvOI 

.9959796400 

.9957906400 

10 

99S480Ev00 

.12(M62E+01 

99606IE+00 

.IZOSBOEvOl 

.lOOOOOEvOl 

.1200006401 

9956376400 

.1194976401 

11 

.999280EtOO 

100473E+01 

.996764E+00 

.I0O4S2EvOt 

.lOOOOOEiOl 

.1000006401 

.9957086400 

.9958406400 

12 

t00170E+01 

I00541E+01 

.997247E+00 

.lOOtSTEvOI 

lOOOOOEvOl 

.1000006401 

.995658E400 

.9958786-^ 

13 

100473E+01 

.100581E+01 

.987398EVOO 

.10048SEVOI 

.lOOOOOEvOl 

.9960496400 

.9959076400 

14 

.SOllOOEtOO 

.I30855E+01 

.7g4005E+00 

13062SE4OI 

.800000E400 

.1300006401 

.7969156400 

.129468E401 

15 

101031Et01 

I00682EV01 

.971958E*00 

.loosaiEvoi 

.lOOOOOEvOl 

.1000006401 

.9963426400 

.995890E400 

16 

.100231E401 

.100755E+01 

.971O48EvO0 

10a744E^l 

.IOOOOOE.OI 

1000006401 

.9962626400 

.9958376400 

17 

.100S04EvOI 

.I01O4SEvOI 

959648EVOO 

.101S9SEt01 

.lOPOOOEvOl 

.1000006401 

.9964146400 

.9956896400 

18 

isnsiEvoi 

101224E'fOI 

ISI644Ev01 

.102S81E401 

.ISOOOOEvOl 

.1000006401 

.1493446401 

.995530E4OO 

'All  olher  lesu  have  exact  leaulu  to  six  digits. 

‘Damped  responses  in  undamped  updatuig  model. 

‘Smicturally  damped  responses  in  viscously  damped  updatmg  model. 

‘Viscously  damped  responses  in  structurally  damped  updating  model. 

‘Equal  to  iheoreuca]  values  Correction  facton  for  damping  contain  large  etTon. 


4.  CONCLUDING  REMARKS 

A  technique  to  update  a  Finite  Element  Model’s  mass,  stiffness  and  damping  matrices  using  harmonic 
input-output  is  presented  and  shown  to  ‘le  quite  effective  under  ideal  conditions.  The  number  of  excitation 
frequencies  is  limited  and  is  governed  by  the  number  of  degrees  of  freedom  of  the  model  and  the  number  of 
correction  coefficients.  In  the  results  presented,  two  excitation  frequencies  were  more  than  sufficient  The 
study  of  several  practical  considerations  is  underway. 
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ABSTRACT 

Vibration  characteristics  of  a  shell  structure  with  finite  curvature  are  discussed  based  on  the  dynamic 
analogy  between  a  cylinder  to  a  flat  plate.  In  order  to  understand  curvature  effects,  the  characteristics 
such  as  resonance  freciuencies,  constant  fiequency  loci,  and  number  of  modes  in  a  flat  plate  and  in  a 
cylinder  are  examined.  Also  a  simplified  representation  on  the  vibration  response  at  the  driving  point 
is  proposed. 

INTRODUCTION 

Although  several  approaches  to  analyze  the  vibration  characteristics  with  a  curvature  are  available 
in  literatures,  the  implementation  to  the  real  engineering  problems  are  very  limited  because  of  the 
high  order  mathematical  formulation  and  coupled  parameters.  An  analyst,  therefore,  leans  to  an 
approximate  solution  if  a  vibration  estimate  for  a  cylindrical  structure  is  necessary.  Approximate 
solutions  available  in  literatures  can  be  divided  into  two  manifold:  (i)  energy  minimization  approach, 
and  (ii)  finite  analysis  approach.  The  former  approach  includes  Variational  integral  method,  Galerkins 
method,  and  Rayleigh-Ritz  method[l,2,3].  The  finite  difference  and  the  finite  element  method  belong 
to  the  latter.  In  this  study,  a  modal  domain  conc^t  is  incorporated  to  derive  an  approximate  formula 
for  a  structure  with  curvature.  The  modal  domain  is  a  2-dimensional  wave  space[4|.  It  has  been  has 
been  known  to  be  useful  approach  to  examine  the  vibration  level  of  laige  and  complicated  structures, 
especially  when  the  knowledge  on  the  vibration  level  of  a  high  frequency  region  is  necessary. 

MODAL  LATTICE  DOMAIN  ANALYSIS 

Resonance  frequencies  of  the  structure  can  be  obtained  when  the  denominator  of  the  mobility 
function  vanishes.  If  the  concept  of  constant  frequency  loci  on  a  modal  domain  is  employed  for  a 
cylindrical  structure,  we  can  easily  calculate  re.sonancc  frequencies  using  dynamic  similarity  between  a 
plate  and  a  cylinder. 

Consider  a  cylinder  of  radius  a  with  finite  length  When  the  boundaries  are  simply  supported, 
the  mode  shape  of  a  cylindrical  shell  becomes 


Ip  =  Asin  kx 


(cos  \ 
sin  ) 


n9 


in 


Because  of  the  simply  supported  boundary  condition,  k  and  n  must  be  Mit/li  and  2Nti/12,  where  /| 
is  the  height  and  I2  is  the  circumference  of  the  cylinder.  2  wa.  If  a  2-dimensional  wave  iiumDcr  space  on 
the  axial  and  the  circumferential  direction  is  considered,  the  modal  lattice  in  the  axial  directional  wave 
number  k  has  a  unit  distance  of  ir/Ii  .,  On  the  other  hand,  the  circumferential  directional  wave  space 
becomes  doubled  in  the  distance  compared  to  the  plate  case,  i.c.,  2ff//2  modal  lattice  distance.  Twice 
the  separation  of  the  mode  into  the  circumferential  direction  is  due  to  the  fact  that  sine  and  cosine 
functions  exist  in  Eq.(l).  The  wave  number  space  having  two  crossing  modal  lattice  are  shown  in  Fig.l. 
Resonance  frequencies  of  the  structure  correspond  to  the  points  where  the  modal  lattice  crosses  each 
other  on  the  wave  number  space  map. 
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When  a  thin  shell  assumption  is  appliedj  and  the  lowest  circumferential  modes  are  negligible, 

n’(4  -  fi)  -  2  -  p 


When  a  thin  shell  assumption  is  applied,  anc 
resonance  frequencies  are  expressed  as  follows(5»6j:- 

(kaY 


{{kaY  + 


+  nY- 


2(1-//) 


■} 


(2) 


where  0  is  This  equation  is  correct  when  /3  is  smaller  than  0.01  and  n  is  bigger  than  2.  The  first 
term  of  Eq.(2)  is  related  to  the  membrane  stress,  and  the  second  term  to  the  bending  rigidity  because 
of  j3’  in  the  term.  If  the  vibration  behavior  of  the  resonance  frequencies  is  compared  between  for  a 
cylinder  and  for  a  plate,  the  dynamic  similarities  between  those  structures  rati  be  explained. 

Let  us  consider  a  plate  having  the  same  dimension  as  a  cylinder.  The  resonance  frequency  in 
dimensionless  representation  becomes 

u  =  ^{naY{{M/l^Y  +  {mY]  (3) 


If  given  numbers  of  M  and  N  are  used  in  Eq.f  3),  the  frequency  v  has  a  circular  trace  with  constant  radius 
as  a  function  of  wave  numbers  M  and  N  .  Tliese  circles  are  called  constant  frequency  loci.  The  constant 
frequency  loci  can  be  generated  for  a  cylindrical  structure  using  Eq.(2).  The  concept  of  the  constant 
frequency  loci  approam  becomes  important  when  a  vibration  level  of  a  certain  frequency  bandwidth 
is  necessary.  This  concept  has  been  developed  in  the  area  of  noise  i>rc(liction  for  a  stiucture.  The 
difference  in  frequency  loci  between  the  flat  plate  and  the  cylindrical  structure  is  due  to  the  membrane 
stress  within  the  structure.  Let  a  plate  be  wrapped  to  make  a  cylinder  geometry.  Since  a  in-plane 
membrane  stress  is  built-up  in  the  cylinder,  the  curvature  affects  the  stiffness  of  the  structure  so 
that  the  travelling  wave  speed  increfuses  in  the  axial  direction.  As  the  cylinder  has  c<irvaturp  in  the 
radial  direction,  the  propagating  waves  are  subject  to  the  stiffness  effect  which  is  due  to  the  in-plane 
membrane  stress.  Especially  the  k  axial  wave  modes  are  substantially  affected  by  the  curvature.  The 
curvature  effect  exists  until  the  wavelength  of  the  membrane  stress  encircles  the  cylinder,.  Physically, 
this  transition  occurs  at  the  hoop  resonance,  or  the  breathing  mode.  The  hoop  resonance  is  also  called 
the  ring  frequency. 

Therefore,  the  ring  frequency  /,  of  the  cylinder  has  to  satisfy  the  following  relation 


C 

fr 


=  2rro 


(4) 


If  the  interested  frequency  bandwidth  is  below  /,,  the  waves  travelling  in  the  axial  direction  are  subject 
to  the  stiffening  effect  which  is  due  to  the  in-planc  membrane.  ()n  the  other  hiuid.,  the  freriuency 
band  above /r  no  longer  has  the  curvature  effect.  As  the  freriuency  increases  above  the  ring  ficqtiency, 
the  speed  of  travelling  waves  becomes  faster  than  that  of  in-plane  membrane  stress.  In  tins  region,  a 
curvature  effect  of  the  cylindrical  structure  hecomes  negligible  and  the  cylinder  dynantics  converts  to  a 
plate  behavior.  The  boundary  of  the  crrrvature  effect  is,  therefore,  the  ring  frequency  fr  of  the  cylinder. 
Consequently,  the  way  of  analyzing  the  cylinder  vibration  can  be  viuierl  depending  on  the  fieciuency 
region  compared  with  the  ring  frequency. 

MODE  COUNT  FOR  FLAT  PLATE 

Two  different  approacJies  to  count  the  number  of  the  modes  for  a  flat  plate  structure  ate  available: 
estimate  from  the  geometry,  and  front  the  driving  point  ruolrility 

The  estimate  of  number  of  modes  based  ott  the  geometry  is  widely  known  iit  SEA  community.  The 
modal  separation  6f  ,  which  is  inverse  to  the  mode  trurnber  is 


6f  = 


hci 


(5) 


Here,  the  modal  separation  is  a  function  of  the  structural  rigidity  and  surface  area.  It  is  independent 
of  the  frequency  increment. 

Another  way  of  the  mode  count  is  to  use  the  real  part  of  the  driving  ponrt  function.  When  a 
measurement  data  of  the  flat  jilate  is  available,  the  rlirert  corurt  for  resonances  may  not  be  practical 
due  to  heavy  overlap  of  modes  in  most  situation  Instead,  the  average  value  of  the  real  part  of  the 
mobility  function  can  provide  more  luechse  information  on  the  modal  density.  The  real  part  of  the 
mobility  function,  Gp,  which  is  called  the  mechanical  conductance,  ha.s  a  jrositive  value  always,  since 
this  coinijoneiit  is  related  to  a  jxiwer  flow  fioin  the  vibration  source  to  the  structure  to  be  excited.  The 
averaged  value  of  the  mobility,  therefore,  has  a  certain  positive  value,  winch  is  related  to  the  modal 
separation  6 f 


6f  = 


1 

mCp 


(6) 


Therefore,  a  measured  driving  mobility  function  is  useful  information  on  estimating  the  modal 
density  function  of  the  flat  plate  structure. 
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DYNAMICS  OF  STRUCTURE  WITH  CURVATURE 

Instead  of  taking  complicated  mathematical  analysis  for  a  vibration  estimate  of  a  shell  structure, 
consider  a  flat  plate  whose  surface  area  is  the  same  as  that  of  a  shell.  When  a  structure  is  excited, 
the  input  power  is  transmitted  through  bending  waves  in  the  struettue.  As  mentioned  in  the  previous 
section,  the  vibration  behavior  re.seiiibles  the  plate  dynamics  if  the  frcfpienry  band  is  aljove  the  ring. 
In  the  case  of  a  flat  plate,  the  mobility  function  at  the  driving  point  Gp  is  predictable  from  the  inatcrim 
properties  of  the  structure,  i.e., 

""  8phCa0' 

In  order  to  correlate  a  plate  and  a  shell  dynamics,  a  concept  of  modal  density  is  adapted.  The 
logical  pMameter  to  modify  the  plate  mobility  into  the  cylinder  mobility  is  the  ratio  between  the  plate 
and  cylinder  mode  number,  because  the  modal  density  within  the  frecniency  band  of  interest  is  related 
to  the  vibration  power.  Since  any  finite  length  of  a  thin  shell  satisfies  a  reverberant  condition,  the 
mean  square  velocity  of  the  vibration  on  the  surface  of  the  structure  is  proportional  to  the  received 
power,  and  each  mode  in  the  structure  could  have  equal  amount  of  participation  in  vil)uition  power., 
The  ituxlal  density  that  is  directly  pruportional  to  the  vibration  magnitude  can  be  a  useful  parameter 
in  vibration  analysis. 

If  the  cylinder  vibration  behaves  as  in  a  plate,  the  mobility  function  of  the  driving  point  of  a 
cylindrical  shell  Gc,  therefore,  may  be  expressed  as 

Gc  =  W{u)Gp,  (8) 


f 


where  ty(i/)  is  the  correction  factor  and  Gp  is  the  driving  point  mobility  of  a  plate.  Eq.(8)  correlates  the 
plate  mobility  to  the  correction  factor,  W(i/),  which  is  a  function  of  frequency.  As  already  mentioned, 
tbe  cylinder  vibrates  as  a  plate  if  the  frequency  is  above  /,.  In  this  range,  the  correction  factor  above 
the  ring  frequency  is  1.  If  the  frequency  band  of  interest  is  below  the  ring  frequency,the  correction 
factor,  W(u),  plays  a  role  to  compensate  the  curvature  effects  on  the  input  mobility  of  a  plate. 

Let  us  obtain  the  correction  factor  W[u)  below  the  ring  frequency.  Since  a  shell  has  some  curvature, 
the  membrane  stress  increases  the  bending  wave  speed  along  the  axial  direction  so  that  the  number  of 
modes  included  within  a  certain  frequency  baud  becomes  smnlk'r  than  tlie  same  fmmeiicy  baud  os  in 
the  plate  case.  When  the  frequency  baud  is  below  /,  ,  the  total  mode  mui'Oer  in  a  cylindrical  shell  hius 
the  furin[3j 

Yc  =  (0.57(0.5ir  +  sm"‘7)  +  ^1/(1  -  .  */  >^<1  (9) 

where  7  is  21/  —  1.  If  the  modal  separation  of  the  plate  is  converted  to  the  mode  number,  Np  becomes 

The  correction  factor  W{v)  is  the  ratio  of  the  number  of  mode  in  cylinder  to  that  in  plate. 

W{i')  =  (0.57(0. 5ir  +  sin”'7)  +  (10) 

Therefore,  a  simplified  cylinder  mobility  function  is 


G.= 


0.57(0. 57r  +  sin^'y)  +  ^1/(1  -  u) 
ZphCa^v 


(11) 


EXAMPLES 

Resonance  frequencies  of  a  cylinder  with  11.7cm  in  dinnieter,  18.1cm  in  height,  and  0.32cm  in 
thickness  are  examined  at  first.  The  structure  is  made  of  steel  (p=7700  kg/m^).  This  structure  has 
a  ring  frequency  of  13.8  kHz.  Fig.2  shows  constant  frequency  loci  corresponding  2,4,6,8,10,12  and  14 
kHz.  As  expected,  the  loci  have  elliptical  shajies.  If  both  dimensions  of  the  plate  are  exactly  the  same, 
the  loci  make  quarter  circles.  It  is  beeatise  directional  waves  travelling  on  the  plate  surface  has  the 
same  bending  stiffness  in  the  case  of  a  flat  jdate  so  that  the  bending  wave  speed  of  the  jilate  with  no 
curvature  should  be  the  same  unless  the  frequency  changes. 

Let  us  calculate  the  lesoniuice  ftc([uencics  of  a  cylindi  ical  structuie.  The  constant  fiequency  loci  of 
the  cylinder  can  be  obtained  using  £([.(2).  Fig.3  shows  the  constant  frequency  loci  of  the  cylindrical 
structure.  Since  the  stiffness  in  the  axial  direction  is  larger  than  in  the  circumfen’iitial  direction,  the 
locus  is  no  longer  a  circle.  Near  the  horizontal  axis  in  Fig.3,  the  loci  have  constant  radii.  As  the 
frequency  increases,  the  aiea  covered  by  a  constant  radius  inerr-ases,  too.  It  inay  tell  us  that  the 
dynamic  luoperty  of  a  cylinder  along  the  ciicumfeiential  direction  becomes  similar  to  that  of  a  plate. 
However,  the  area  near  the  vertical  axis  for  a  cylinder  is  totally  diffeient  from  that  for  the  [date,  since 
the  membrane  stre.ss  mainly  contributes  the  loci  curve  when  the  ciicumferential  wave  number  n  is 
small.  Each  grid  point  cios.sed  by  integer  numbers  along  the  two  axes  in  Fig.2  and  Fig.3  coriesiionds 
to  the  resonances  of  the  structure.  The  resonance  fie<iuencie.s  ate  boiiudi'd  between  constant  frequency 
loci.  In  the  case  where  a  noise  becomes  an  issue,  a  nairow  fiequency  bandwidth  between  2kHz  and  4 


I  kHz  is  important,  since  a  listener  is  sensitive  to  tliis  band.  The  resonance  frequencies  enclosed  by  two 
;  constant  frecjuency  loci  of  2kHz  and  4  kHz  are  shown  in  Fig.5.  Marked  positions  shown  in  FiR.4  show 
!  resonance  frequencies  of  the  cylinder.  Betw<-en  2kHz  mid  4  kHz,  analysis  reveals  that  3  resonances 
s  exist:2,600  (3,1  mode),  2,925(2,1  mode),  and  3,769(4,1  mode)  Hz. 

j  In  order  to  examine  the  resonances  obtained  from  the  analysis,  an  experiment  is  conducted  for  a 
I  frequency  band  between  2kHz  and  4  kHz.  Although  the  analysis  is  not  exact  to  the  experimental  data, 
S  the  simplified  formula  is  good  enough  to  predict  the  resonances  approximately. 

*  Then,  an  estimate  of  the  vibration  level  of  a  cylinder  which  is  27cm  in  diameter,  33cm  in  height, 

'  and  0.55cm  in  thickness  is  examined.  The  ring  frequency  of  the  cylinder  is  5.9  kHz. 

'  Let  us  exainine  the  vibration  level  at  the  frequency  band  above  /,.  The  (hiving  iioint  moliility  of 
'  the  cylinder  is  identical  to  the  case  of  the  plate.  The  calculation  shows  that  the  mobility  function  of 
j  the  plate,  Gp,  becomes  3.8G  x  lO"*  .  Wlw'u  the  value  of  1  sec/kg  is  used  as  reference,  the  mobility  of 
J  the  cylindrical  structure  becomes  -68.2  dD  above  the  ring  frccjucncy. 

'  For  a  frequency  reinge  below  5.95  kHz,  the  mobility  function  is  frc(iuency  dependent,  however, 
j  Comparison  of  the  measured  mobility  function  at  the  driving  point  to  the  analytical  result  is  shown 
<  in  Fig.5.  The  solid  line  represents  the  measured  mobility  function  of  the  cylinder.  The  prediction 
calculated  from  the  proposed  formula  is  depicted  by  the  dotted  line.  For  the  frequency  band  above  2.0 
i  kHz,  the  analytical  result  predicts  the  measured  data  behavior  quite  well. 

=  CONCLUSIONS 

An  approximate  model  predicting  the  vibration  characteristics  of  the  shell  type  structure  is  formu- 
;  lated.  The  proposed  formula  is  based  on  the  dynamic  analogy  between  a  cylinder  and  a  flat  plate. 
,  Since  a  cylinder  converts  to  a  flat  plate  dynamics  for  the  frequency  band  above  the  ring  frequency,  the 
mobility  function  of  the  cylindrical  structure  ha-s  a  freciucncy-depeudent  correction  factor.  As  a  way  to 
correlate  the  cylinder  wkI  i)late  chaiactciistics,  the  concept  of  modal  density  of  structuH’s  is  employed 
so  that  the  correction  factor  is  obtained  from  the  ratio  of  the  resonance  frequencies  of  a  cylinder  to  a 
t  plate. 

In  order  to  verify  the  proposed  formula,  experiments  are  conducted.  Comparison  of  the  experimental 
and  the  analytical  results  shows  that  the  proposed  model  estimates  the  resonance  frequencies  and 
.  mobility  functions  pretty  well.  The  proposed  model  is  very  simple  to  use  and  straightforward. 

;  REFERENCES 

'  1.  Junger  and  Feit,  Sound,  StructuTe,  and  Their  Interaction, The  MIT  Press,  Cambridge  MA,  1972 
2.  Leissa,  A.W.,  Vibrations  of  Shells,  NASA  SP-288,  Office  of  Technology  Utilization,  NASA,  Wash- 
-  ington,  D.C. 

.  3.  Soedel,  W.,  Vibration  of  Shell  and  Plates,  Marcel  Dekker,  NewYork,  1981. 

4.  Lyon,  R.K.,  Machtiicry  Noise  and  Diagnostics,  BatU'i'worths,  Bosiou,  IToG. 

5.  Heckl,  M.,  ”  Vibrations  of  Point-Driven  Cylindrical  Shells",  J.,  Acoust.  S(  c.  Am,  34,  October  1962, 
pp.1553-1557. 

6.  FVanken,  P.A.,  ”  Input  Impedances  of  Cylindrical  Structures”,  J.,  Acoust.  Soc.  Am,  32,  April  1960, 
pp.473-477. 


CIRCUMFERENTIAL  DIRECTION 
Fig.  1.  Resonance  frequencies  on  a  wave  number  space. 
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ABSTRACT 

Veering  of  eigenvalue  loci  and  extreme  sensitivity  of  eigenfunctions  to  the  value  of 
a  system  parameter  arise  in  many  situations  where  changing  that  parameter  causes  natural 
frequencies  to  become  close.  Such  phenomena  often  lead  to  mode  localization,  in  which  the 
response  is  restricted  to  a  subregion.  Prior  investigations  have  mainly  considered  the 
implications  for  in-vacuo  structures.  The  present  work  outlines  the  general  theory  for 
in-vacuo  modes,  and  then  extends  it  to  acoustic  radiation  from  submerged  structures.  The 
results  of  previous  analyses  of  a  two-span  plate  and  a  spheroidal  shell  are  used  to  il¬ 
lustrate  the  effect  of  heavy  fluid  loading  on  structures  that  feature  mode  localization 
phenomena.  These  examples  lead  to  the  conclusion  that  such  systems  require  special  care 
in  modelling,  even  though  the  submerged  response  may  not  actually  contain  regions  of  lo¬ 
calized  vibration. 

INTRODUCTION 

A  large  body  of  work  exists  regarding  the  behavior  of  vibratory  systems  in  which  al¬ 
teration  of  a  system  parameter  causes  two  or  more  natural  frequencies  to  become  close.  In 
some  cases,  notably  those  in  which  the  corresponding  eigenfunctions  belong  to  different 
symmetry  groups  independent  of  the  parameter,,  one  observes  gradual  changes  of  the  modal 
properties  as  the  parameter  is  changed,,  with  the  associated  result  that  at  some  parameter 
value  the  natural  frequencies  become  equal.  However,  in  the  circumstances  of  interest 
here,  plotting  the  natural  frequencies  as  a  function  of  the  parameter  yields  curves  that 
deviate  over  a  small  range  of  that  parameter,  thereby  avoiding  intersection.  When  this 
phenomenon,  which  is  known  as  eigenvalue  loci  veering,  arises,,  the  corresponding  mode 
shapes  show  drastic  changes  in  the  veering  zone,  so  that  the  system’s  behavior  is  ex¬ 
tremely  sensitive  to  the  parameter.  In  addition,  in  many  cases  the  mode  shapes  for 
certain  values  of  the  parameter  indicate  the  existence  of  large  regions  of  small  displace¬ 
ment.  Hence,  eigenvalue  veering  may  be  accompanied  by  mode  localization. 

Numerous  investigations  of  eigenvalue  veering  phenomena  have  been  performed,  and  sur¬ 
veying  them  here  would  be  prohibitive.  Leissa  (1)  showed  that  this  behavior  could  result 
from  modelling  errors,  but  several  investigators  have  shown  that  actual  manifestations  are 
often  associated  with  the  introduction  of  disorder  in  otherwise  periodic  media.  Pierre 
[2)  developed  criteria  for  the  occurrence  of  eigenvalue  veering,  and  Chen  and  Ginsberg  [3j 
derived  expressions  for  the  mode  shapes  within  the  range  of  system  parameters  where  eigen¬ 
value  veering  occurs  in  terms  of  the  shapes  outside  the  veering  zone. 

Submarine  structures  feature  stiffeners  whose  spacing  is  not  quite  constant  because 
of  functional  requirements.  Because  they  have  the  appearance  of  being  nearly  periodic 
structures,  there  is  a  strong  possibility  that  eigenvalue  veering  phenomena  occur.  This 
raises  significant  issues  for  structural  acoustics.  If  some  aspects  of  the  response  are 
extremely  sensitive  to  the  value  of  a  system  parameter,  and  also  might  be  an  artifice 
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introduced  by  modelling  errors,  one  Is  left  to  wonder  about  the  degree  to  which  accurate 
analyses  can  be  performed.  Furthermore,  if  mode  localization  is  encountered,  then  one 
would  expect  that  it  would  have  a  strong  Influence  on  acoustic  radiation  from  the  struc¬ 
ture.  These  concerns  must  be  weighed  against  the  recognition  that  coupling  associated 
with  the  fluid  loading  causes  the  notion  of  independent  structural  modes  to  lose  sig¬ 
nificance. 

This  paper  will  survey  some  recent  works  by  the  author  that  have  considered  the  ef¬ 
fect  of  fluid- loading  on  structual  dynamic  systems  whose  in- vacuo  response  displays 
eigenvalue  veering  phenomena.  It  begins  with  a  summary  of  the  general  theory  for  systems 
in  which  two  eigenvalue  loci  veer,  and  then  discusses  the  results  for  two  distinctly  dif¬ 
ferent  structures.  Ginsberg  and  Pham  [4]  converted  a  two-span  beam  with  interior 
torsional  constraint,  which  had  previously  been  used  to  Illustrate  eigenvalue  veering,  to 
a  baffled  plate  as  a  way  of  introducing  fluid  loading.  Previously,  Chen  and  Ginsberg  [S] 
had  shown  that  the  symmetric  modes  of  spheroidal  shells  exhibit  eigenvalue  veering 
phenomena,  after  which  they  evaluated  forced  reponse  when  the  shell  is  submerged  [6].  The 
analyses  of  both  systems  combined  the  method  of  assumed  modes  and  the  surface  variational 
principle  (SVP)  [7]  for  fluid-structure  Interaction,  but  the  general  theory  is  equally  ap¬ 
plicable  to  systems  modeled  by  boundary  element/finite  element  techniques. 

eigenvalue  veering  phenomena  in  the  absence  of  fluid  loading 


First  consider  free  vibration  of  a  linear  system  when  the  system  parameter  has  some 
reference  value.  The  equations  of  motion  are 

i!(^i)  -  (1) 

where  represents  the  eigensolution  in  the  reference  state.  In  the  absence  of  dis- 

sipationT  the  operator  j£  is  self-adjoint,  so  the  eigenfunctions  form  an  orthornormal  basis 
for  the  function  space..  Uhen  the  system  parameter  is  incremented  by  c,  the  new  operator 
2'  is  assumed  to  be  expressible  as  a  sum  of  the  operator  2  and  a  perturbation  operator  cF. 
The  altered  eigenvalue  problem, 

(2  +  .r)(«')  -  A'^’,  (2) 


has  eigensolutions  (Aj,^p.  The  new  eigenfunctions  may  be  represented  by  a  series  of  the 
original  ones.  In  the  usual  circumstance  covered  by  Courant  and  Hilbert  [8]  each  eigen¬ 
solution  for  the  altered  state  differs  from  the  corresponding  solution  in  the  original 
state  by  0(t),  being  given  by 


A^  -  Ai  +  c  h^j_. 


*'i 


+  « 


V 

Lx.  -  X^ 


n**! 


(3) 


where  self-adjointness  of  2  and  F  leads  to  definitions  of  the  coefficients  h^^,  which  are 
inner  products,  as 


in 


\i  -  <^i-nv>- 


Equations  (3)  breakdown  if  two  eigenvalues,  denoted  A.  and  A^  after  reordering,,  be¬ 
come  close  and  F(d^)  is  not  orthogonal  to  The  appropriate  expansion  in  such 
circumstances  is 

r  -  +  e  ^  b„^„,  (5) 

n>2 


where  c.^^,  c^^  coefficients  to  be  determined  and  ,  ^.,...  are  eigenfunctions  whose 
eigenvalues  are  well  separated  from  A.  and  A^,  and  each  other.  This  expansion  is  sub¬ 
stituted  into  Eq.  (2)  and  appropriate^lnner  products  with  respect  to  the  original 
eigenfunctions  are  taken.  The  first  order  approximation  reduces  to  an  eigenvalue  problem. 


(Aj^  +  +  eh^2  ‘=2  ”  ^  ‘^1’  ‘*'2l'l  *  ^*2  '*'22^“2  “  *  '’'2’ 

The  associated  matrix  of  this  system  is  symmetric,  so  one  obtains  two  real  eigenvalues, 
AJ,  and  two  real  orthogonal  eigenvectors,  Cj^  and  c.^. 

Because  eh^^  are  small  quantities,  the^eigenvalues  A'  are  approximately  equal  to  Aj^ 
and  A^.  When  plotted  against  <,  these  eigenvalues  form  two  curves  called  the  eigenvalue 
loci.'^  Solving  Eq.  (6)  shows  these  curves  to  be 
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The  loci  can  be  shown  to  be  hyperbolas,  which  degenerate  to  their  asymptotes  only  if  h.,  - 
0.  The  minimum  vertical  distance  between  the  two  loci  occurs  when  the  slopes  are  equal, 
which  corresponds  to 

*  (hji  -  h^2^^^2  '  ^1^  ... 

‘“22 
<hll-*‘22)  ^^*>12 

The  difference  between  the  hyperbolic  curves  and  their  asymptotes  is  noticeable  only  for  ^ 
small  range  of  system  parameters  close  to  this  value.  It  is  convenient  to  consider  c  -  e 
to  be  the  unperturbed  state,  so  the  system  parameter  is  redefined  to  be  t  -^e  . 

Because  the  curves  have  equal  slope  at  their  point  of  closest  approach,  h.^  -  ^22' 

Expressions  for  the  coefficients  c,,  are  obtained  by  solving  Eqs.  (S^corresponding 
to  the  definition  of  S,  subject  to  the  requirement  that  the  eigenfunctions  for  the  altered 
state  have  unit  magnitude.  The  result  for  >  0  is 

^i  ■  “ll^l  ‘"21^  ;  i  -  1.  2,  (9) 


where 


Cj^2  "  sin(«/2)  and  -  cos(«/2)  for  the  upper  locus, 

Cj^j^  -  cos(8/2)  and  Cjj^  *•  •  sin(S/2)  for  the  lower  locus.  (10) 

The  quantity  S  is  related  to  the  minimum  difference  d  between  the  eigenvalues  by 

tan  e  -  2«h*2/d*,  d*  -  A*  -  A*.  (11) 

The  corresponding  eigenvalues  may  also  be  expressed  in  terms  of  9  by  substituting  its 
definition,  Eq.  (11),  into  Eq.  (7),,  with  the  result  that 

A'  -  i(A*  +  A*)  +  «h*^  T  |(A*  -  A*)/cos  9  (12) 

Similar  expressions  apply  when  jh...  <  0. 

The  limit  of  the  zone  in^whi^h  the  veering  behavior  is  encountered  corresponds  to  |$| 
=  ir/2,  at  which  |f|  -  »  d  /2hj^2'  sensitivity  of  the  mode  shapes  to  the  changes  in 

the  system  parameter  becomes  apparent  when  one  considers  the  situation  when  |£|  -  ^q. 
Because  |9|  s  */2,  Eqs.,  (10)  indicate  that  jcoil  ~  I'^lil’  which  case  one  finds  from 
Eqs.,  (9)  that  the  altered  modes  are  essentially  the  sum  or  difference  of  the  modes  at  the 
reference  state,  S  <•  0.  Thus,  a  small  change  in  the  system  parameter  results  in  a  large 
change  in  the  mode  shapes.  The  reason  for  the  occurrence  of  mode  localization  is  less  ob¬ 
vious.  In  many  situations  the  modes  associated  with  $  0  have  similar  patterns  over  some 

of  their  range,  and  are  opposite  in  sign  over  another  region.  Summing  and  differencing 
the  modes  in  that  case  results  in  cancellation  in  some  regions  and  reinforcement  in 
others.  This  will  be  apparent  in  the  example  of  vibration  of  a  plate. 

EFFECTS  OF  FLUID  LOADING 

The  discussion  shall  now  consider  the  coupled  equations  for  surface  displacement  and 
pressure  when  a  structure  is  excited  by  an  external  harmonic  load.  Such  equations  are  ob¬ 
tained  by  combining  structural  dynamics  laws  and  an  acoustic  interaction  law,,  such  as 
boundary  elements  or  SVP.,  Let  |q)  denote  a  set  of  N  generalized  coordinates  representing 
the  structural  displacement  and  |p)  be  H  variables  representing  the  surface  pressure.  The 
standard  form  of  the  system  equations  may  be  written  in  terms  of  partitioned  matrices  as 

f  (k)-«2(m)  (AJ  If  iq)  1  _  f  IQll  ,.3, 

[  -i«(rj  (Aj  ji  (pi ;  \  (0)  ;■ 

where  [A]  and  [r]  are  fluid-structure  coupling  coefficients,  and  IQ)  are  the  generalized 
forces. 

Presumably,  an  analysis  of  the  in-vacuo  modes  has  been  carried  out2prior  to  address¬ 
ing  the  submerged  system.  This  involves  finding  a  set  of  eigenvalues  and  corresponding 
modes  (^j)  that  satisfy 
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(14) 


([k]  -  uj(m))(^j)  -  (0). 

In  order  to  use  the  modal  properties  the  generalized  coordinates  are  replaced  by  a  set  of 
modal  coordinates  .  This  is  achieved  by  introducing  the  similarity  transformation 

(ql  -  [^](>7).  W  -  [(^i)  (^2> 


If  one  determines  and  uses  all  N  modes,  then  the  foregoing  is  merely  a  change  of  vari¬ 
ables.  However,  if  a  modal  truncation  is  implemented,  the  number  of  unknowns  is  reduced 
by  the  foregoing  from  N  to  L. 

The  modes  form  an  orthonormal  set  with  respect  to  the  Inertia  matrix  [m],  and  they 
diagonalize  the  stiffness  matrix  to  the  respective  eigenvalues..  Hence,  substituting  the 
foregoing  into  the  fluid- li^aded  system  equations,  followed  by  premultiplication  of  the 
first  partition  row  by  [^]  ,  leads  to 


r  [D] 


(A) 


i;i  }-{'*!>  }■ 


'ij 


2  2 


(16) 


Certain  features  of  the  foregoing  are  obvious.  Although  [D]  is  diagonal,  the  other 
matrices  are  generally  full,  so  that  the  modal  coordinates  are  coupled.  The  degree  of 
such  coupling  depends  on  a  variety  of  factors,,  but,  in  any  event,  the  concept  of  independ-- 
ent  modes  Is  not  meaningful.  In  a  situation  in  which  the  localizing  modes  are  not 
resonantly  excited,  one  would  not  expect  them  to  make  an  unusually  large  contribution  to 
the  overall  response.  However,  it  is  r'-asonable  to  expect  that  appropriate  tuning  will 
lead  to  an  excitation  that  strongly  excites  either  of  the  localizing  modes,  in  which  case 
the  fluid  coupling  should  tend  to  excite  both. 

Consider  such  a  situation,  subject  to  the  further  assumption  that  the  other  modal 
coordinates  are  sufficiently  small  to  be  negligible.  In  chat  case  solving  the  second  part 
of  Eq.  (16)  for  (p)  and  substituting  the  result  Into  the  structural  equations  of  motion 
leads  Co 


(u^  •  i  -  !•  2.  (17) 

where  the  coefficients  B.  are 
in 

Bin  "  (18) 

The  [B]  array  describes  all  modal  coupling  resulting  from  the  fluid  loading,,  because  [A] 
contains  the  modal  generalized  forces  associated  with  the  pressure  variables,  and  [T]  rep¬ 
resents  the  surface  acceleration  associated  with  the  modal  generalized  coordinates. 

Suppose  the  foregoing  corresponds  to  the  reference  state  for  the  veering  phenomena, 
at  which  S  0.  Then  alteratlng  the  system  by  setting  S  r‘  0  leads  to 

[(wp^-  +  B'if,i  +  B'^q'  -  1  -  1.,  2.  (19) 

It  is  reasonable  to  assume  [A] ,  [A) ,  and  'TJ  are  essentially  unchanged  by  a  f  increment  of 

the  system  parameter.  Hence,  introducing  Eqs,  (9)  for  the  modes  in  the  altered  state  into 
the  definition  of  the  coefficients  Bi^,  Eq..  (18),  yields 

2  2 

“in  -I 

j-1  f-1 

When  the  fluid  is  heavy,  the  coefficients  B.  are  significant  to  the  solution  for  q. . 
Because  the  coefflcents  Ci^  change  by  0(1)  In  the  range  <  6  <  i^,  Eqs.  (20)  suggest 
that  the  system  of  equations  for  the  altered  system  are  drastically  different  from  those 
of  the  system  at  {  -  0.  Hence,  it  is  reasonable  to  infer  that  the  fluid  loaded  response 
will  show  extreme  sensitivity  to  the  value  of  the  system  parameter..  However,  because 
these  equations  govern  the  modal  coordinates,  one  cannot  ascertain  from  these  equations 
whether  localization  will  be  observed  in  the  resulting  physical  displacement  components. 

It  is  Important  to  note  that  the  foregoing  observations  are  limited  to  situations 
where  the  two  localizing  modes  dominate  the  response.  Otherwise,  the  degree  to  which  the 
response  is  actually  sensitive  to  the  system  parameters  and  the  Issue  of  whether  localized 
displacements  are  encountered  can  only  be  assessed  by  solution  of  the  full  problem,  Eqs. 
(13)  or  (16). 
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RESULTS  FOR  A  TWO -SPAN  PLATE 


A  prototype  for  the  effect  of  a  bulkhead  on  a  plate  structure  Is  the  two-diiuensional 
problem  of  a  plate  occupying  the  plane  z  -  0,  pinned  at  ends  x  -  0  and  x  -  L,  and  sup¬ 
ported  along  a  nldspan  line  x  -  L/2(l  -t-  i)  by  a  pin  and  torsional  spring  K. .  The  distance 
iL/2  from  the  Interior  support  to  the  center  point  Is  the  physical  parameter  associated 
with  eigenvalue  veering  phenomena.  The  differential  equations  governing  in-vacuo  vibra¬ 
tion  due  to  a  concentrated  force  at  x  -  x^  are 

El  3*v  "  a*u 

^  +  pA  V  -  S(x  -  xp  expC-lwt),  w-|^-0acx-0,  L 

w  -  0,  [|5  -  0.  El[g]  -  -  at  X  -  I  +  a  (21) 

where  brackets  denote  Jump  conditions.  Prior  works  had  developed  the  elgensolutlon  using 
a  series  expansion  subjt'.t  to  an  auxiliary  constraint  accounting  for  Che  Interior  support, 
which  required  1000  terms  to  attain  adequate  accuracy.  In  contrast,  the  solution  on 
Reference  [4]  was  obtained  by  solving  the  differential  equations  on  either  side,  and  then 
requiring  chat  Che  Individual  solutions  satisfy  the  jump  conditions  at  the  support.  This 
only  required  solution  of  a  single  characteristic  equation,  with  the  benefit  that  any  mode 
could  be  obtained  In  an  accurate,  but  simple,  manner. 

When  S  -  0  Che  In-vacuo  modes  reduce  to  symmetric  and  anti-symmetric  groups.  In  that 
case,  if  K^L  »  El,  the  torsional  restraint  strongly  Isolates  the  beam  segment  on  either 
side  of  the  middle  support.  Hence  Che  displacement  patterns  on  either  side  are  very 
similar  between  the  modes,  except  for  sign  differences  associated  with  Che  symmetry,  being 
given  by 

^1  “  ^2  “  ^1  “  '*2  "  (22) 

Note  that  Che  natural  frequency  of  Che  symmetric  mode  Is  always  higher  than  that  of  the 
antisymmetric  mode.  The  modal  behavior  described  by  Eqs.  (9),  according  to  which  the  mode 
shapes  at  Che  limits  of  the  veering  zone  are  a  sum  or  difference  of  the  modes  when  {  -  0,, 
results  In  cancellation  of  the  modal  displacement  on  one  side  or  the  other.  The  two  fun¬ 
damental  modes  of  Che  plate  for  various  $  are  shown  in  Fig.  1,  where  It  can  be  seen  that 
localizes  to  the  left  side,  while  localizes  to  the  right. 

In  order  to  Investigate  the  coupling  effects  associated  with  fluid  loading,  Ginsberg 
and  Pham  [4]  Introduced  a  rigid  baffle  that  extended  the  plane  of  the  plate  outward 
equally  from  both  ends,  with  fluid  considered  to  be  situated  in  the  upper  half -plane. 
Equations  of  motion  for  the  displacement  w  and  surface  pressure  p  were  obtained  by  using 
an  assumed  modes  formulation  founded  on  a  two-dimensional  version  of  SVP  and  modal 
analysis  of  the  place. 

The  present  example  considers  a  force  at  x^  -  0.75L  when  the  frequency  w  Is  swept 
across  Che  natural  frequencies  of  Che  two  fundamental  modes.  If  the  fluid  is  air  and  S  - 
0,  then  each  mode  Is  resonantly  excited  in  a  narrow  frequency  range,  with  the  peak 
amplitude  of  each  mode  occurring  at  a  distinct  frequency.  In  this  frequency  range  Che 
excitation  of  the  higher  modes  Is  unimportant,  as  can  be  seen  in  Tig.  2,  which  shows  |q^| 
for  the  first  four  modes..  In  contrast,  when  6  >  0.03,  the  modes  split  Into  which  Is 
localized  to  the  left  of  the  pin,  and  which  is  localized  to  the  right,  see  Fig..  1. 
Because  the  force  Is  applied  on  the  right  span,  the  modal  generalized  force  associated 
with  ^2  greater  than  Chat  associated  with  Thus,  Che  frequency  sweep  appearing 

in  Flgf  3  displays  a  very  small  peak  at  and  a  large  peak  at  w. . 

Now  consider  Che  effect  of  Che  same  excitation  when  the  fluid  is  water..  In  general, 
the  added-mass  effect  of  Che  water  resistance  tends  Co  lower  the  Che  frequency  at  which  a 
peak  response  Is  encountered  In  comparison  to  the  in-vacuo  case.  Figure  4,  for  S  -  0,  in¬ 
dicates  that  no  peak  is  encountered  in  Che  symmetric  mode,  which  suggest  that  the 
radiation  damping  of  this  mode  overcomes  the  coupling  effects  Chat  tend  to  intertwine  the 
two  low  frequency  modes.  The  picture  In  Figure  5,  for  f  -  0.03,  is  drastically  different. 
In  this  case,  both  modes  peak  at  Che  same  frequency  and  their  amplitudes  are  comparable.. 
Furthermore,  the  width  of  the  peak  Is  substantially  enhanced.  Because  each  of  the  two 
fundamental  modes  Is  associated  with  displacement  on  only  one  side  of  the  Interior  sup¬ 
port,  it  is  clear  that  the  displacement  In  this  situation  Is  not  a  localized  response. 
Further  evidence  of  Che  extreme  sensitivity  of  the  response  to  the  location  of  the  middle 
support  may  be  found  In  Fig.  6,  which  shows  the  radiated  power  evaluated  by  Integrating 
Re(p  conJ(v})  over  the  surface  for  several  values  of  6. 
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VIBRATION  OF  SPHEROIDAL  SHELLS 


Another  aspect  of  the  effect  of  eigenvalue  veering  was  encountered  In  Chen  and 
Ginsberg's  analyses  of  axlsyrainetric  vibration  of  a  prolate  spheroidal  shell.  The  system 
parameter  S  in  this  case  Is  the  aspect  ratio  L/a.  Their  first  work  [S]  evaluated  in-vacuo 
modal  properties  that  are  symmetric  with  respect  to  the  equator.  The  analysis  used  an  as¬ 
sumed  modes  formulation  that  Included  bending  and  membrane  deformation.  It  was  found  that 
in  several  ranges  of  L/a  the  natural  frequencies  associated  with  flexural  and  extenslonal 
deformation  became  close,  resulting  In  modes  that  combine  both  features,  in  the  manner  of 
Eq.  (9).  This  Interaction  leads  to  modes  that  are  localized,  in  the  sense  that  the 
transverse  displacement  is  much  larger  over  a  band  at  the  equator  than  it  Is  at  the 
apexes.  Furthermore,  the  modes  were  found  to  be  drastically  different  for  a  comparatively 
small  change  In  aspect  ratio,  which  confirms  that  extreme  parameter  sensitivity  Is  a 
corollary  of  veering  of  the  eigenvalue  loci.  A  specific  case  occurred  for  aspect  ratios 
In  the  range  4  <  L/a  <4.9,  where  the  sixth  and  seventh  symmetric  modes  Interact.  The 
transverse  displacement  In  these  modes  at  L/a  -  4  and  4.9  are  depicted  In  Fig.  7.  The 
fifth  mode,  which  does  not  undergo  drastic  change  over  this  range  of  aspect  ratios  is  also 
shown  in  the  figure  for  the  sake  of  comparison. 

Ginsberg  and  Chen  [6]  subsequently  addressed  the  effect  of  fluid  loading  by  using  SVP 
to  evaluate  the  displacement  and  surface  pressure  resulting  from  a  harmonically  varying 
pressure  applied  uniformly  over  the  spheroid's  surface..  The  aspect  ratios  described  in 
Fig.  7  were  selected  for  the  evaluation.  The  frequency  of  the  excitation  was  taken  to  be 
ka  -  1.8,  which  is  less  than  half  the  natural  frequency  of  the  pair  of  localizing  modes. 
Because  of  the  low  frequency  of  the  excitation  relative  to  the  localizing  modes,  this 
situation  Is  distinctly  different  from  the  preceding  example  of  the  plate,  in  which  the 
response  is  dominated  by  resonantly  excited  modes  that  localize. 

Figures  8  and  9  show  the  transverse  displacement  and  surface  pressure  when  L/a  >4.0, 
while  Fig.  10  shows  the  far  field  pressure,  which  was  evaluated  from  the  exterior 
Helmholtz  Integral  corresponding  to  the  surface  response  In  Figs.  8  and  9.  Four  cises  are 
shown  In  each  figure:'  case  (A)  is  the  result  obtained  by  increasing  the  number  of  basis 
functions  until  convergence  is  attained,  case  (B)  Is  the  result  of  a  modal  truncation  at 
the  seventh  symmetric  mode,  thereby  retaining  both  localizing  modes  in  the  representation 
of  displacement,  and  cases  (C)  and  (D)  are  Che  results  obtained  from  modal  truncations  at 
the  sixth  and  fifth  modes,  respectively.  Thus,  one  can  deduce  from  Che  figures  Che  effect 
of  the  high  frequency  modes,  the  Individual  localizing  modes,  and  the  low  frequency  modes. 

The  case  (A)  analysis  indicates  Chat  Che  normal  displacement  is  unlike  any  one  In¬ 
dividual  mode..  In  fact.  Fig.  8  Indicates  that  the  displacement  around  the  equator  Is 
comparable  Co  chat  at  the  apexes  of  the  spheroid.  (Note  chat  the  axlsymmetry  condition, 
3w/3s  >  0  at  the  apexes,  where  s  is  Che  arclength  along  the  shape  generator.  Is  satisfied 
implicitly,  but  the  scale  of  the  figure  obscures  this  property.)  Perhaps  the  most  impor¬ 
tant  aspect  of  Figs..  8  and  9  is  the  recognition  that  omitting  the  localized  modes,  as  Is 
done  in  case  (D) ,  leads  Co  a  completely  erroneous  set  of  predictions,  while  Including  both 
localizing  modes  yields  results  for  Che  surface  response  chat  are  similar  from  an  order  of 
magnitude  viewpoint  to  the  direct  SVP  prediction.  In  addition.  Fig.  10  Indicates  that  the 
far  field  prediction  obtained  from  such  truncations  Is  no  better  than  Che  surface  values. 

The  results  for  L/a  -  4.9,  which  are  not  repeated  here  for  reasons  of  brevity,  do 
show  some  differences  from  those  of  Figs.-  8-10..  However,  the  degree  of  these  differences 
Is  far  less  than  that  encountered  for  the  mode  shapes  in  Fig.  7.  This  does  not  disagree 
with  the  general  analysis  two  sections  previously,  because  the  localizing  modes  are  not 
resonantly  excited,  and  therefore  are  not  the  sole  contributors  to  the  response. 

CONCLUSIONS 

The  examples  suggest  Chat  although  localized  displacements  might  occur  when  fluid 
resistance  is  small,  they  will  not  be  observed  in  submerged  structures.  The  analysis  and 
example  of  a  plate  Indicate  that  when  the  response  Is  dominated  by  modes  that  localize, 
the  fluid-loaded  response  will  generally  remain  sensitive  to  the  value  of  the  system 
parameter.  When  many  modes  contribute,  as  in  the  case  of  the  spheroidal  shell,  sen¬ 
sitivity  to  the  parameter  value  is  lessened.  However,  the  localized  modes  still  play  an 
important  role  and  must  be  Included,  even  if  their  natural  frequency  is  substantially 
higher  than  the  excitation.  Consequently,  it  is  reasonable  to  conclude  that  direct  solu¬ 
tion  of  the  full  set  of  fluid-coupled  equations  is  preferable  to  simplifications  based  on 
modal  truncation. 
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Figure  1.  Mode  shapes  of  Che  two- span 
plate,  K^L/EI  -  500. 


frequency  kL 


Figure  2.  Modal  response  of  the  air- loaded 
tvo-span  plate,  <  0. 


frequency  kL 


Figure  4.  Modal  response  of  the  water- 
loaded  two-span  place,  8-0. 


Figure  3.  Nodal  response  of  the  air- 
loaded  two-span  plate,  f  -  0.003. 
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Figure  S.  Modal  reiponse  of  Che  water- 
loaded  two-span  plate,  S  •  0.003.- 
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arclength:  s/s^, 

Figure  7.  Selected  modes  of  the  spheroid. 


frequency  kL 


Figure  6.-  Power  radiated  from  the  water - 
loaded  two-span  plate. 


Figure  8.  Transverse  displacement  of  the 
spheroidal  shell  in  water,  L/a  -  4,  ka  -  1.8. 


Figure  10.  Far  field  of  the  sph  roidal 
shall  in  water,  L/a  -  4,  ka  -  1.8., 
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Figure  0 .  Pressure  on  the  spheroidal 
shell  in  water,  L/a  -  4,  ka  “  1.8. 
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ABSTRACT 

In  many  practical  situations  we  encounter  sound-structure  interaction  between  the  fluid  in  a 
cavity  and  the  flexible  walls  on  the  boundary.  In  most  cases,  such  interactions  can  be  shown 
to  involve  gyroscopic  coupling  between  the  two  systems.  A  direct  moral  analysis  of  these 
gyroscopically  coupled  systems  is  not  easy  to  perform.  The  main  theme  of  this  paper  is  to  look 
at  an  indirect  technique  which  has  been  developed  to  perform  this  coupled  analysis. 

Here  we  discuss  a  technique  of  determining  the  modal  parameters  of  the  interacting  cavity 
and  the  wall  in  terms  of  the  modal  parameters  of  the  individual  non-interacting  systems.  Results 
for  a  rectangular  cavity,  which  has  an  elastic  vibrating  panel  on  one  of  its  faces  have  been 
presented.  These  are  compared  with  the  experimental  results  obtained  by  previous  researchers. 

INTRODUCTION 

Interaction  between  the  fluid  in  a  cavity  with  its  flexible  wall  is  encountered  in  many  practical 
situations;  for  example,  the  aircraft  cabin  interacting  with  its  fuselage  and  the  automobile  interior 
interacting  with  its  flexible  body.  The  motion  of  the  flexible  wall  in  such  cases  is  due  to  external 
mechanical  forces  or  exterior  sound  fields. 

Various  methods  have  been  proposed  to  solve  the  above  interaction  problem.  Exact  solutions 
are  available  for  simple  shapes  of  the  cavity  whereas  numerical  methods  like  FEM  or  BEM  have 
been  used  for  complex  shapes  of  the  cavity  [1-3).  A  method  based  on  the  modal  interaction  of 
the  rigid  wall  cavity  modes  and  in-vacuo  structural  modes  is  discussed  here. 

NOMENCLATURE 
A  wall  area 

an  velocity  potential  generalized  coordinate 
Co  equilibrium  speed  of  sound 
Fn  n  th  acoustic  rigid  wall  mode 

Lnm  coupling  coefficient  between  n  th  acoustic  and  m  th  wall  mode 
Mm  mth  stuctural  wall  generalized  mass  of  in-vacro  mode 
Mn  nth  acoustic  gereralized  mass  of  rigid  wall  r,ode 
n  unit  normal  to  the  surface,  positive  outward 
p  acoustic  pressure  inside  the  cavity 
p*"  acoustic  pressure  on  the  inner  surface  of  the  wall 


1595 


qm  tnth  wall  modal  coordinate 
t  time 

yr,z,  eigenvectors  corresponding  to  the  r  th  eigenvalue 
(r.  fit  generalized  coordinate  corresponding  to  y,,  Zt  respectively 
po  density  of  the  acoustic  medium 
Pw  structural  mass  per  unit  area 
acoustic  velocity  potential 
mth  in- vacuo  wall  mode 

n  natural  frequency  of  the  r  th  coupled  system  mode 
wn*  natural  frequency  of  the  n  th  rigid  wall  acoustic  mode 
a;m  natural  frequency  of  the  m  th  in-vacuo  wall  mode 
subscripts 
F  flexible 
m,  n  modal  numbers 
r,  s  eigenvector  numbers 
R  rigid 

Bold  letter  denotes  a  matrix. 


SOUND  STRUCURE  INTERACTION  BETWEEN  THE  CAVITY  AND  THE  FLEXIBLE  WALL 

The  acoustical  equations  for  the  cavity  can  be  derived  in  terms  of  the  rigid  wall  modes  for  a 
prescribed  motion  of  the  wall.  Similarly,  the  motion  of  the  flexible  wall  due  to  external  acoustic 
pressure  can  be  derived  in  terms  of  the  in-vacuo  structural  modes.  When  the  interaction  between 
the  cavity  and  the  wall  is  considered,  the  acoustic  equations  for  the  cavity  and  equations  of 
motion  for  the  wall  can  be  shown  to  be  gyroscopically  coupled. 


Equations  For  The  Cavity-Wall  Interaction 

For  a  cavity  occupying  volume  V  enclosed  by  surface  A  which  has  a  flexible  portion  Ap 
and  rigid  portion  Ar,  the  acoustic  velocty  potential  $  satisfies  the  following  wave  equation 


- 


1 

4W 


=  0. 


The  associated  boundary  conditions  are 


&w 

0  on 


Ap, 

Ar. 


(1) 


(2) 


The  velocity  potential  $  can  be  expanded  in  terms  of  normal  modes  of  the  rigid  wall  cavity  as 

00 

$  =  53  a„(t)  F„-,  (3) 

n=0 


159$ 


and  the  acoustic  pressure  p  is 

OO 

n=0 

The  rigid  wail  modes  F,„  n=0,  1,  2, ...  satisfy  the  appropriate  Helmholtz  equation,  orthogonality 
and  boundary  conditions.  In  order  to  express  the  motion  of  the  flexible  wall  in  terms  of  its 
in-vacuo  modes,  let  the  wall  structure  be  represented  by  linear  partial  differential  equation  of  the 
form 


5  w  +  -  P^  ~  P  .•  (5) 

where  S  is  the  linear  differential  operator.  The  v/all  deflection  w  can  be  expressed  in  terms  of 
the  in-vacuo  modes  as 


OO 


w  = 

9ni  ^m. 

(6) 

m=l 

The  in-vacuo  normal  modes  m=l,  2,  . 

..  satisfy 

- 

Pw 

(7) 

and  the  appropriate  orthogonality  and  boundary  conditions. 

By  defining 

Ln„.  =  I  F„  dA,,  (8) 

Af 

Eq.  (1)  and  Eq.  (8)  can  be  transformed  into  the  following  equations 

ra„-Hu2a„]  -  y  q„,L„n,  =0,  n  =  0,  1,.  2,  ..  (9) 

~  [  qm  +  q„,]  -f  f;  a.,  L„n,  =  ~4-  =  1-  2,  .  .  (10) 

PoAf  PqAf 

where 

Qm  =  -  /  dA.  (11) 

Ar 

The  details  of  the  derivation  are  given  in  reference  [4].  From  Eq.  (9)  and  Eq.  (10),  it  is  clear 
that  they  are  gyroscopically  coupled  and  Lnm  is  the  coupling  coefficient  between  the  nth  acoustic 
mode  and  the  mth  structural  mode  of  the  wall. 
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EFFECTS  OF  FUNDAMENTAL  ACOUSTIC  MODE  ON  THE  WALL  MODES 

The  fundamental  acoustic  rigid  wall  mode  (n  =  0)  has  a  stiffening  effect  on  all  the  stmctural 
modes[4,  5].  It  can  be  seen  from  Eq.  (9)  (with  n  =  0)  that 

^  ^  E  qn'Lon,.  (12) 

**  m=l 

In  the  vicinity  of  the  m  th  structural  mode  natural  frequency,  the  only  dominant  term  on  the 
right  hand  side  of  Eq.  (16)  is  qm  Lom-  Hence,  near  the  natural  frequency  of  the  mth  structural 
mode. 


AFCQ  „  r 

qniLom. 


(13) 


Thus  we  can  eliminate  equation  corresponding  to  n=0  from  Eq.  (9)  and  modify  Eq.  (10)  to 
write 


VM*  ...  2  1  ^  .  t 

J  ,  4mLnm  “0,  11  —  1,  2,>  .... 


(14) 


and 


M„. 
M  Af 


qm  + 


M, 


,  Af  Cq 


PO  Af 


VMA 


qiii 


oo  ^ 

+  ^  ^  Lnm  —  ’  Hi  =  1,  2,.  . 

(15) 


n=l 


Assuming  that  N  number  of  acoustic  modes  and  M  number  of  wall  structure  modes  are 
sufficient  to  calculate  the  acoustic  velocity  potential  and  the  velocity  of  the  vibrating  wall  to 
the  required  accuracy,  Eq.  (14)  and  Eq.  (15)  are  written  as  a  system  of  first  order  ordinary 
differential  equations  in  matrix  form 


where 


Ix(t)  +  G  x(t)  =X(t), 


I 


■ 

Arc; 

0 

0 

0 


0 

Ma. 

Pont 

0 

0 


0 

0 


0 


0 

0 

0 


^ai 

Fi)  Ar 


(16) 


(17) 


IHt 


G 


0 

Lnm 

VM* 

ArcJ 

0 


0 

0 

0 


c) 

4m 

.  ,  X  =  ■ 

an 

0 

.  0  , 

(18) 


(19) 


Note  that  I  is  a  positive  definite,  real  diagonal  matrix  of  order  2(N+M)x2(N+M),  G  is  a  skew 
symmetric  real  matrix  of  order  2(N+M)x2(N+M),  x  and  X  are  2(N+M)xl  vectors. 

It  has  been  shown  in  ref.[6]  that  the  eigenvalue  problem  associated  with  Eq.  (16)  can  be 
expressed  in  terms  of  real  quantities  as 


n?  ly,  =  K  yr  ,  n?  I  =  K  z,  ,  r  =  1,  2,  ..,(N  +  M), 


(20) 


where 


K  =  G’^I-‘G, 


(21) 


IS  a  real  symmetric  matrix.  The  solution  to  the  eigenvalue  problem  in  Eq.  (20)  consists  of 
(N+M)  repeated  eigenvalues  and  (N+M)  pairs  of  eigenvectors  y,  and  z,,  r  =1,  2...  (N+M). 
K  is  positive  definite  if  I  is  positive  definite  (as  in  the  present  case)  and  eigenvectors  yr  and  Zr 
are  orthogonal  with  respect  to  I.  If  vectors  yr  and  z,  arc  normalized  to  satisfy 

y?"  I  yt  =  zj"'  I  Zr  =  1 ,  r  =  1,  2,  (N  +  M),  (22) 


then  the  orthogonality  relations  are 

yr^  I  y»  =  Zr  I  Zs  =  ^rs, 

y,’'!  z,  =  z^I  ys  =  0  ,  r,  s  =  1,  2,  ....,  (N  +  M) , 
and 


(23) 


z?  G  yr  =  -y.  G  Zr  =  flr^r^  (24) 

y?  G  yr  =  z7  G  Zr  =  0  ,  r,  s  =  1,  2,  ....  (N  +  M)  . 

Vectors  yr  and  Zr  can  be  used  to  form  basis  in  2(N+M)  dimensional  vector  space.  Using 
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.i'lijlVl'  "fn 


the  expansion  theorem  given  in  ref.(7],  vector  x  can  be  expressed  as  a  linear  combination  of 
eigenvectors  y,  and  z,  as 


N+M 

r=l 


N+M 

Y,  • 

t=i 


(25) 


Using  Eq.  (22-25),  the  uncoupled  differential  equations  corresponding  to  Eq.  (16)  can  be 
written  in  terms  of  pairs  of  <,(t)  and  %(t)  as 

Cr  (t)  -  Qr  nr  (t)  =  y?'X(t) ,  r  =  1,  2,  ,  (N  +  M)  (26) 

and 

»?r(t)  +nrCr(t)  =z?'X(t)  ,r  =  1,2,  .,(N  +  M).  (27) 

For  any  excitation  X(t)  we  can  obtain  x(t)  by  evaluating  (,(t)  and  r;t(t)  for  given  initial  conditions. 

From  Eq.  (19)  it  is  clear  that  (2N+M+m)th  element  of  vector  x  corresponds  to  qm.  Hence, 
ao  can  be  evaluated  using  Eq.  (12).  The  cavity  acoustic  pressure  p  is  then  calculated  using  Eq. 
(4)  and  velocity  of  the  flexible  wall  can  be  calculated  from  Eq.  (6). 

SOLUTIONS  FOR  RECTANGULAR  CAVITY 

The  above  method  was  used  to  calculate  pressure  inside  the  rectangular  cavity  which  has 
a  simply  supported  flexible  panel  on  one  of  its  faces.  Four  acoustic  modes  and  nine  wall 
modes  were  considered.  Values  of  other  parameters  were  selected  to  be  the  same  as  those 
given  in  reference  [1]  so  as  to  compare  our  results  with  the  experimental  results  given  there. 
The  experimental  setup  in  reference  [1]  consisted  of  acoustically  hard  walled  200x200x200  mm 
cubical  cavity  with  one  face  made  up  of  simply  supported  0.9144  mm  thick  brass  panel  which 
was  excited  with  sinusoidal  acoustic  pressure. 

Table  1  shows  the  natural  frequencies  for  the  above  model.  Generally  gotxl  agreement  is 
found  between  the  calculated  values  and  the  experimental  results.  Figure  [1]  shows  the  ratio  of 
the  exterior  excitation  pressure  at  the  center  of  the  panel  to  the  cavity  pressure  at  the  center  of 
the  back  wall  expressed  in  dB  against  frequency.  Excellent  agreement  is  t  bserved  between  the 
calculated  and  the  experimental  results. 

CONCLUSION 

The  method  presented  in  the  paper  has  been  shown  to  compare  favorably  with  the  exper¬ 
imental  results  obtained  by  previous  researchers.  If  the  modal  parameters  for  complex  shaped 
cavity  and  wall  are  evaluated  independently  by  suitable  numerical  schemes  and  if  the  coupling 
coefflcient  is  evaluated  numerically,  then  this  method  can  incorporate  effects  of  cavity-wall  in- 
teraction.Further  work  is  neccesary  to  model  the  damping  of  the  interacting  systems  either  in 
terms  of  individual  systems  or  as  a  complete  system. 
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ABSTRACT 

Vibration  control  is  an  important  consideration  in  the  design  of  dynamic  systems.  The  objective  of 
vibration  control  is  to  design  the  structure  and  its  controls  either  to  eliminate  vibration  completely  or  to  reduce 
the  response  of  the  system  to  the  desired  level.  To  obtain  optimal  results,  one  must  readjust  the  structural 
parameters  to  meet  the  given  requirement.  This  paper  investigates  the  structural  parameter  modification  problem 
of  a  vibrating  system’s  multiple  degree  of  freedom  (MDOF).  It  is  assumed  that  when  the  natural  frequency 
spectrum  for  an  MDOF  system  has  been  initially  obtained,  one  of  the  frequencies  is  in  conflict  with  the  system 
operating  frequency.  Simple  expressions  for  mass  and  stiffness  modifications  required  for  a  given  frequency 
variation  are  found  by  means  of  a  perturbation  method.  An  example  is  given  to  illustrate  the  method  and  the 
results  are  compared  with  another  method  existing  in  the  literature.  It  is  determined  that  the  method  described 
herein  can  be  very  useful  to  the  design  engineer. 

NOMENCLATURE 

k,k„k2,k,  equivalent  spring  constants 

k,j  elements  of  the  stiffness  matrix 

K  stiffness  matrix  of  the  modified  system 

Kg  initial  system  stiffness  matrix 

K.,  modification  to  stiffness  matrix 

M  mass  matrix  of  the  modified  system 

Mg  initial  system  mass  matrix 

M,  modification  to  mass  matrix 

m,m„m2  equivalent  masses 

mg  elements  of  the  mass  matrix 

X  eigenvector  matrix  of  the  modified  system 

Xg  initial  eigenvector  matrix 

Xg’  nth  column  of  Xg 

X,  modification  of  eigenvector  matrix  Xg 
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X°’  nth  column  of  X, 

Xj  2nd  order  modification  to  X, 

X  degrees  of  freedom 

X  second  time  derivative  of  x 

Greek  Symbols 
a 

V”.  A.® 

A,<",  A,™ 

A 

A  0 
A<;> 
k  I 

A'f 
A  2 

Superscripts 

T  transpose 

-I  inverse 

INTRODUCTION 

Vibration  control  is  an  important  consideration  in  the  design  of  dynamic  systems.  The  objective  of 
vibration  control  is  to  design  the  structure  and  its  controls  either  to  eliminate  vibration  completely  or  to  reduce 
the  response  of  the  system  to  the  desired  level.  To  obtain  optimal  results,  one  must  readjust  the  structural 
parameters  to  meet  the  given  requirements.  The  reanalysis  for  modified  structures  can  be  achieved  in  several 
ways.  In  general,  either  an  analytical  model  is  used  throughout  the  analysis  or  the  measured  response  of  the 
original  structure  is  employed  in  the  structural  modification  algorithm. 

There  is  a  vast  literature  on  numerous  different  analysis  techniques  and  their  application  to  structural 
variations.  Baldwin  and  Hutton  [I]  presented  a  detailed  review  of  structural  dynamics  modification  techniques 
that  existed  until  1984.  Since  that  time  much  work  has  been  done  to  improve  the  methods  or  to  obtain  new 
methods.  Ram  et  al.  [2]  dealt  with  the  theoretical  basis  for  the  approximation  of  a  modified  structure  eigensystem 
based  on  the  Rayleigh-Ritz  approximation.  The  structural  modification  method  based  on  Rayleigh  Quotient 
Iteration  was  also  presented  by  To  and  Ewins  [4].  Wei  (S]  discussed  the  coupling  between  changes  in  mass  and 
stiffness  matrices.  Kabe  [6]  introduced  a  procedure  that  used  the  mode  data  and  structural  connectivity 
information  to  optimally  adjust  deficient  stiffness  matrices.  The  sensitivity  problems  encountered  by  the  previous 
methods  were  investigated  [7,8].  Besides,  a  new  algorithm  for  structural  redesign  by  perturbation  techniques  was 
developed  [9].  It  allowed  for  large  changes  between  baseline  and  objective  structures.  In  order  to  significantly 
limit  the  computational  effort,  right-hand-side  modifications  [3]  via  cont'oi  forces  were  introduced.  The 
determined  control  forces  were  then  related  to  changes  in  the  design  or  system  matrices. 

It  is  clear  from  the  above  studies  that  investigations  have  focused  on  the  establishment  of  the  relationship 
between  characteristic  changes  and  structural  parameter  modification.  The  solution  obtained  in  these  studies 
required  a  lot  of  computational  effort.  Many  methods  to  reduce  computation  have  been  presented.  But  there  has 
been  no  explicit  and  unique  expressions  for  the  modifications  of  mass  and  stiffness  required  for  the  change  of 
frequency.  In  this  paper,  the  structural  parameter  modifications  problem  is  investigated.  Simple  expressions  of 
mass  and  stiffness  modifications  requir^  for  a  given  frequency  variation  is  obtained  by  means  of  perturbations 
method.  An  example  is  given  to  illustrate  the  aMthod. 


undetermined  parameter  in  X, 

small  parameter  and  orders  of  that  parameter 

initial  eigenvalues  for  the  example 

modifications  to  the  eigenvalues  of  the  example 

eigenvalue  matrix  of  the  modified  system 

initial  eigenvalue  matrix 

nth  column  of  the  initial  eigenvalue 

modification  to  At 

nth  column  of  matrix.  A, 

2nd  order  modification  to  A, 
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STRUCTURAL  MODIFICATION 

For  the  purposes  of  the  analysis  several  assumptions  have  been  made.  The  structure  is  assumed  to  be 
approximated  by  a  discrete  system,  linear  and  undamped.  The  system  is  assumed  to  be  positive  definite  with  no 
equal  or  closely  located  eigenvalues.  Also,  a  small  modification  assumption  is  made.  Under  these  assumptions, 
the  eigenvalue  problem  can  be  expressed  as: 


KX-MXA  (!) 

where  K,  M,  and  A  are  stiffness,  mass,  and  eigenvalue  matrices  of  the  system,  respectively,  and  X  is  a  matrix 
composed  of  the  eigenvectors.  To  establish  the  relationship  between  the  changes  of  mass,  stiffness,  and  the 
changes  of  eigenvalues,  the  perturbation  method  was  used.  Assuming  the  original  mass  and  stiffness  matrices  to 
be  Mg  and  Kt,  the  new  mass  and  stiffness  matrices  may  written  as: 

(2a) 

K>K,  +  <K,  (2b) 

where  <  is  a  small  parameters,  M,  is  the  perturbed  mass  matrix,  K|  is  the  perturbed  stiffness  matrix.  According 
to  perturbation  theory,  the  general  solution  of  Eq.  (I)  may  be  expressed  in  a  power  series  with  respect  to  small 
parameter,  e,  i.e. 

A  -  A,  -f  <A|  -f  A,  +  ...  (3a) 

X-X,  +  eX,  +  <*Xj+...  (3b) 


where  K,  and  are  eigenvalues  and  eigenvectors  matrices  of  the  original  system.  Ai,  X,,  are  the  first  order 
modifications.  Aj  and  Xj  are  the  second  order  modifications,  and  so  on. 


-(X,<«  : 

X,®  i 

—  i  X,“>) 

(4a) 

A.-diag(V'’.V'>. 

— ,  V) 

(4b) 

-(X.*”  i 

X,®  = 

—  i  X,<">) 

(4c) 

A, «  diag  (A,">.  A,® 

— .  A,<">) 

(4d) 

where  X,«(Xo“’  =  Xo™  =  ....  =  X,"’)representam8trix  whose  columns  are  X,*'’,Xc™...,X,'"’.,  A,*  diag(V”. 

A«^,...,V*’)  represents  a  matrix  whose  diagonal  entries  are 
Substituting  Eqs.  (2)  and  (3),  into  Eq.  (1)  yields. 

(K,f<K,)  (X^«X,  +  Xj — )  -  (hV<M,)  (X«ftX,+<*  X:)  (A,^<A,+e'  A, — )  (5) 

Rearranging  Eq.  (3)  and  equating  like  coefficients  of  <*,  <’  — ,  we  obtain 


K,X,.M,X«A«  (6) 

K,X,  4  K,X«  -  M,XfA|  >  M,X,A,  +  M,X,A,  .  (7) 

We  normalize  the  system  with  respect  to  the  mass  matrix,  i.e., 

X’fMX-I  (8) 

X^KX-A  (9) 


where  I  is  the  identity  matrix.  By  defining  M,  K.  A,  and  X  using  Eqs.  (2)  and  (3),  we  obttin  the  following 
relationship. 
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x;m.x«-i 


(108) 


(10b) 

Also, 

X!K.X*.A.  (11a) 

X!ic,x«+x!k.x,  +  X[k«x«-a,  (lib) 

The  problem  will  now  be  solved  for  two  specific  cases.  The  first  case  we  tackle  is  that  of  mass  modifications. 
It  is  assumed  that  only  the  mass  matrix  will  be  modified  and  the  stiffness  matrix  remains  the  same,  i.e.,  Ki  -  0. 
The  other  case  is  stiffness  modification  only  and  lets  M,  >  0. 

Case  1  Mau  Modification  (K|  >  0) 

In  this  case,  Eqs.  (10b)  and  (1  lb)  may  be  written  u; 

X;m,X,«X[M.X«^XIM,X,-0  (12) 

XIK,X,«X;k,X,-A,  (13) 

Equation  (7),  which  also  involves  M„  reduces  to  Eq.  (6)  when  (12)  and  (13)  are  employed;  it  is  not  an  independent 
equation.  From  Eq.  (12),  we  have: 

M,  -  -  (X,  Xi')^  M,  -  H(X,  Xi)  (14) 

Generally,  X,  may  be  solved  from  Eq.  (13)  if  A,  is  known.  With  this  X|,  M,  may  be  obtained  from  Eq.  (12). 
Case  2  Stiffncw  Modification  (M,  -  O) 

In  this  case,  Eqs.  (iOb)  and  (lib)  may  be  written  as: 

X;m,X,«X1M,X«-0  (15) 

X;K,X,-fX;K.X,^X[K,X,- A,  (16) 

From  Eq.  (16),  we  have: 

K,  -  (XJ)'  A,  XJ  -  KdX,  Xi)  -  (X,  Xi^  K,  (17) 

In  the  above  equation,  X,  may  be  determined  from  Eq.  (15).  Baldwin  and  Hutton’s  discussion  [1]  assumes  X,  to 
be  zero  for  the  change  of  the  eigenvalue,  A|,  and  use  the  original  eigenvector  in  Rayleigh’s  equation.  From  Eqs. 
(13)  and  (15),  it  can  be  seen  that  this  assumption  is  not  applicable  to  these  cases. 

laUSTRATiVE  EXAMPLE 

A  simple  example  to  demonstrate  the  main  ideas  of  the  paper  is  presented.  The  example  chosen  is  an 
undamped  two  degree  of  freedom  system  shown  in  Fig.  1. 
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Fig.  1  Tw«  Dcgfce  »i  FtM^o*  SyttMi 
The  differentitl  equations  of  motion  of  the  system  are: 


(IS) 


The  eigenvalues  of  the  above  system  can  be  found  to  be  (I0( 


\(>»  iW  _  ®iSii+®ik,i  I 

^SIST"  2 


where  k,i  >  k,  +  ku  >  ka  •  -  ki,  k^  >  k]  ♦  ky  If  a  system  has  following  parameters  mi  ■  m,  m,  ■  2m,  k|  •  kt 
>  k,  k]  -  2k.  the  eigenvalues  are: 


m,ka*m,k„  V 

m,mj  J 


SiiSa“bn 


(19) 


and 


Cascl  Mass  Modification  (K,  -  •) 


A? 


k^ 

m 

5k 

2m 


X.- 


/  3m 


(20) 


(21) 


Let  us  assume  V"  is  the  eigenvalue  where  the  exciting  frequency  matches.  If  the  exciting  frequency 
cannot  be  altered,  the  system  paiemeters  must  be  changed  in  order  to  avoid  resonance.  If  we  choose  the  value 
of  A,*"  from  experiment,  for  example.  A,"*-  -I)  A,<^  and  keep  A|'’*-0,  then  from  Eq.(  1 3),  the  eigenvector 

matrix  modification  is: 
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The,  solution  is  not  unique,  depending  on  a  variable,  a.  However,  it  is  noted  that  X,  is  not  equal  to  zero.  If  a  - 
\l<l  3m  is  chosen  to  make  X,  have  the  same  form  as  X«,  then 


With  this  X„  the  mass  modification  can  be  obtained  from  Eq.  (14)  to  be; 


For  the  general  case  where  a  is  any  value,  the  mass  modification  is: 


-  ^  ♦  1.697a 

0.848a 

M,--m  ™ 

(25) 

'<  ^  0.848O 

-  3.394a  - 

Vm 

We  will  now  compare  our  value  of  A,  to  that  of  [I]  for  the  same  M,. 

Using  Eq.  (6)  of  reference  [1],  the  following  relationship  from  the  mass  modification  can  be  obtained: 

A?>--(Xi,)^M,Xj)A8>  i.1,2  (26) 

Substituting  Eq.  (25)  into  Eq.  (26)  gives: 

AV>4  0.138Ai'>  (27) 

-  0.0  ASP  (28) 

In  our  case,  is  assumed  to  be  zero.  This  is  confirmed  by  Eq.  (28).  It  is  noted  that  the  calculated  X[‘>  given  by 
Eq.  (27)  is  less  than  the  given  value  ((  ^^  -1  )  A^'’).  This  is  a  direct  result  of  the  fact  that  Xi  is  not  zero. 
Normally,  the  'cross  terms"  would  be  minimized;  i.e.,  the  non-diagonal  terms  of  M,  would  be  made  zero.  In  such 
a  case,  a  would  be  taken  to  be  zero;  yet  it  is  noted  that  X,  is  still  non-zero. 

Case  2  Stiffness  Modification  (M^  m  0) 


In  this  case,  M,  is  set  to  zero.  If  the  same  values,  A^”  ■  and  A?*  >  0  are  used,  then 

r-^  ii 


X.-“  £  , 

2 


where  a  is  a  variabie.  It  can  be  seen  that  the  solution  for  X,  is  not  unique.  But  if  a  is  chosen  to  be  zero,  then  Xi 
•  0.  In  this  situation,  Baldwin  and  Hutton’s  [1]  assumption  holds.  If  a  -  0,  then 
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K  -  f'  ^ 

'  3  [2  4 


For  the  general  case  when  a  is  non-zero,  we  have 


-l)  +  3f6m  a  -l)  +  IfSm  i 

V  k  ^ 

K|  ■  — 

^  2(/2  -l)  +  jfSm  a  4{,/2  -l)  ~  6f6m  t 


Our  value  of  A,  may  now  be  compared  to  that  of  reference  [I],  assuming  the  same  K.,. 

In  the  same  way  as  in  Case  I,  by  using  Eq.  (6)  of  reference  [1],  the  relation  between  K,  and  A,  may  be 
obtained. 

Xf  m  (X8>f  K,  X8>  A?  i  -  1 ,2  (32) 

Substituting  Eq.  (31)  into  Eq.  (32)  yields; 

AV-  (V2-l)Ai‘’  (33) 

A?)  -  0.0  A?>  (34) 

It  can  be  seen  that  Baldwin  and  Hutton’s  [I]  method  gives  exact  results  in  this  case  (i.e.,  when  a  =  0). 

if  the  "cross-terms"  of  K,  are  minimized  (i.e.,  Kj  is  diagonalized),  a  -  -  4(^)/(3;^)  would  be 
chosen.  This  would  be  equivalent  to  changing  springs,  k,  and  kj  in  Fig.  I.  Generally  speaking,  changes  in  k„  ki, 
and  k]  may  be  deduced  from  Eq.  (31).  Either  ail  three  springs  are  simultaneously  changed,  or  k,  and  kj  are 
changed,  and  kj  is  left  unchanged.  It  is  not  possible  to  change  the  value  of  kj  alone. 

It  should  be  noted  that  we  are  solving  an  inverse  problem  and  we  must  determine  the  coefficients  of  M, 
and  K,.  For  an  n  degree  of  freedom  system,  n’  coefficients  must  be  determined  and  require  n^  equations  to  be 
solved.  Thus,  this  method  will  require  use  of  a  computer  for  large  numbers  of  degree  of  freedom. 

CONCLUSION 

The  structural  parameter  modification  problem  has  been  studied  in  this  paper.  By  means  of  a  perturbation 
method,  simple  expressions  for  the  mass  and  stiffness  modifications  required  for  a  given  frequency  variation  are 
derived.  Thus,  for  a  design  engineer,  from  a  given  frequency  spectrum,  the  modification  for  the  system  can  be 
deduced.  This  method  is  very  useful  for  engineering  applications  in  which  variations  of  the  frequency  spectrum 
is  the  input.  A  comparison  between  the  present  method  and  a  previous  method  has  been  performe'd  in  the  paper. 
The  results  show  that  the  present  method  will  give  a  better  approximation  for  the  modification  of  the  system. 
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ABSTRACT 

numarous  enginaaring  application  problama  that  deal  with  vibration  analyaia 

bladaB"*^^n^n«r*-riur^^'  **■"*•?'  •?*=•  atructurea,  rotating  ahaft  and  turbine 

bladea.  In  particular,  vibration  control  of  auch  ayatena  bacomea  even  more  important  when 
L  ?  •ubjectad  to  a  aevara  vibratory  environment.  In  thla  project,  the  fear IblUty 
of  developing  a  more  efficient  and  a  more  praciaa  vibration  control  methodology  baaed  on 
phenomenon,  auch  aa  loci  veering  and  mode  localication,  ia  Inveatlgated.  In  particular, 
theaa  vibration  phon<^non  are  enforced  on  atructurea  ao  that  the  undealred  vlbratlona  are 

"9^0"  ‘nd  therefore  eaaier  to  detect  and  control."' 

are  SrewntSd  ■  three  bar  frame,  and  a  nonuniform  ring 

are  preaented.  it  ia  ahown  that  localliation  of  modea  ia  poaalble  in  both  caaea.  ^ 

IMTRODUCTION 

1°''  *“"«tion  properly  (IJ,  and  atructurea  do  not  reapond  in  the  predicted 
dealgner  and  analyat  unleaa  their  part  have  the  correct  alee  and  ahape 
relative  to  one  another.  However,  it  la  not  poaalble  to  make  a  part  of  any  exact  aixe  or 
“*  “"“''?td^la  manufacturing  procaaaea,  even  if  a  number  of  parta  are  made  with 

the  aame  proceaa,  their  dlmenaione  will  vary.  Such  variationa  are  known  aa  tolerancea. 

of  variationa  due  to  manufacturing  can  be  reduced,  but  the  coat  will  accordingly 
T**""^*'  k  *1?!  deaigner  muat  carefully  plan  the  amount^f 

aSd^function!^  acceptable  in  the  ayatem,  to  gain  the  beat  poaalble  balance  between  coat 

reduced  to  rero,  and  therefore  inuat  not  be  avoided  in  the 
of  oarte  vibratory  atructurea.  A  amall  incraaae  in  the  complexity 

2.  together  can  reault  in  tolerance  accumulationa.  it  will  make  the 

dealgner  a  life  more  pleaaant  if  the  parta  do  not  fit  or  the  material  do  not  have  the 

thev^are  returned  for  redimenaioning  or  rebuilding  before 

hi!  i  aaaembled.  Coatly  failure  and  time-downa  will  reault  if  the  parta  fit,  but  they 
dimenaiona  to  cauae  draatic  changaa  in  tha  dynamic  reaponae  <i.e.,  loci 
veering  and  croaaing,  and  mode  localization  and  tranaition)  of  the  entire  aaaembly. 

in  periodic  and  aymroetric  atructurea  have  alao  been  reported  [2-14,24- 
trinSition  “°**^"9  and  veering,  and  mode  localization  and 

asymmetric  rings  due  to  the  localized  mass  and 
*  "®''“"^*°«"l-tiea  (5-7),  nonuniform  tires  [4J,  differences  in  the  individual  blades 

irregularities  in  nearly  periodic  structures  (12- 
'P®®*  ■PPii‘=ationa»  ami  continuous  plates  with  unevenly  spaced 
ii’hh-  and  many  other  structures  experience  draatic  changes  in  their  dynamic 

charaet«iatir«^un?“^"^^*^^")f!l*  •  specified  range.  Such  changes  in  their  dynamic 

vibrStioni  and  noi^a^e  ^“P'opar  functions,  and/or  increased 
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Finally,  fastanars,  adhaalvaa,  waldad  jolnta,  and  bolta  and  nuts  could  ba  anothac 
sourca  of  causing  tha  localisation  of  tha  nodas  of  vibration.  To  tha  bast  of  tha  authoc'a 
knowladga,  no  raport,  that  addcassas  tha  affact  of  joints  and  adhaalvas  on  tha  frcguacc/y 
curvas  crossing  and  vaarlng,  and  nods  localisation  and  transition,  has  baan  appearad  In 
tha  opan  lltaratura.  Thara  la  cartalnly  a  naad  for  studying  tha  ralatlon  batwaan  tha 
Intarfacas  of  tha  parts,  variations  In  tha  typa  of  joints,  and  othar  relavant  parametars, 
and  tha  abova-mantlonad  vibration  phanocMnona. 

All  tha  posslbla  factorsi  tolarancas,  structural  Irragularltlas,  aatarlal 
nonunlformltlas,  fastanars,  adhaalvaa,  %«aldad  joints,  and  bolts  and  nuts  naad  to  be 
atudlad.  Thalr  rola  and  contributions  to  tha  abova  mantlonad  dynaalc  charactarlstlca  Is 
balng  Idantlflad  and  claaalflad  according  to  tha  typa  and  tha  aagnltuda  of  Influanca  thay 
may  hava  on  such  vibration  phanoaonon.  Also,  a  mathi^ology  Is  balng  davalopad  to  Intagrata 
tha  contributing  factors  In  tha  daslgn  procaduraa  and  manufacturing  procassas. 

Historical  Bacharouiid 

It  was  back  In  1958  whan  P.H.  Andarson  (22]  Idantlflad  a  phanaaana  callad 
localization  of  anargy  (oftan  rafarrad  to  as  Andarson  localisation)  with  applications  In 
solid  stata  physics.  At  that  tlma,  no  one  related  his  findings  to  mechanical  systems,  even 
though  thara  Is  a  possibility  that  people  had  baan  observing  tha  phancmana  and  not 
reporting  It.  A  sat  of  papers  by  Lisa,  Abraham,  Plarra,  Hodges,  and  Allaal  [2-23]  have 
shown  tha  occurrence  of  the  phenomenon  In  mechanical  systams. 

In  1974,  Lalaa  reviewed  soma  of  tha  relevant  papers  and  ha  argued  that  curve  vaarlng 
occurs  whan  an  approximation  method  Is  used.  Ha  stated  that  tha  curve  var^rlng  may  Imply 
coupling  whan  there  Is  none.  In  1981,  It  was  dlscussad  In  rafaranca  [27]  by  Xuttlar  and 
Slgllllto  that  tha  curve  vaarlng  could  ba  an  actual  phanomenon  of  tha  mathematical  modal, 
and  It  Is  not  nacassarlly  caused  because  of  the  use  of  an  approximation  method  In  tha 
analysis. 

In  1984,  a  paper  by  Aziml  at  al  (19]  demonstrated  that  mode  localization  occurs  In 
the  case  of  continuous  rectangular  platas  with  evenly  spaced  rigid  supports.  However,  not 
only  ha  did  not  explain  tha  observed  characteristics,  but  also  ha  did  not  show  tha 
fraguancy  curves,  so,  It  Is  not  clear  whether  tha  frequency  curvas  cross  or  veer  away  when 
tha  modes  are  localized.  Kls  analysis  was  based  on  tha  raceptanca  method. 

In  1986,  Pierre  at  al  [10,11]  published  a  paper  on  tha  mode  localization  of  multi- 
span  beams.  His  anslysls  wad  based  on  a  modified  perturbation  method.  He  showed  that  the 
modes  of  a  two-span  beam  become  localized  In  a  certain  range  of  parameters  of  Interest. 
In  1987,  Ibrahim  [13]  published  a  review  on  a  number  of  topics  pertaining  to  structural 
dynamics  with  parameter  uncertainties.  In  particular,  his  paper  Includes  tha  results  of 
experimental  study  of  tha  mode  localization  and  Its  affect  on  flutter  and  force  response 
characteristics  of  structures. 

Two  papers  by  Allaal  at  al  [4,6]  have  shown  that  these  phenomenons  also  occur  In  ring 
and  tire  type  structures.  The  parameters  that  ha  considered  were  number,  magnitude,  and 
relative  locatlo.i  of  nonuniformities  around  rings  or  tires.  In  his  second  paper,  for  the 
first  tlma,  ha  showed  that  these  vibration  characteristics  occur  In  real  structures  such 
as  tires.  In  the  case  of  tires,  both  small  mass  and  stiffness  nonunlformltlas  were 
considered.  An  In-depth  Investigation  of  the  mode  localization  and  t/ansltlon,  and 
frequency  curves  crossing  and  veering  phenomenon  in  structures  Is  being  conducted  at  QORC, 
Inc.  It  Is  expected  that  a  systematic  methodology  be  established  to  incorporate  such 
characteristics  In  the  daslgn  process  and  analysis  of  structures  In  order  to  better  predict 
and  reduce  their  undeslred  vibrations  and  noise. 

CASH  STUDY 

Free  Vibration  of  Frame  Structures 

Recently,  Labadl  and  Allael  [28]  have  shown  that  these  phenomenon  may  occur  In  non¬ 
periodic  structures  such  as  frames  and  linkages.  Their  results  Indicate  that  the  modes  of 
vibration  of  the  frames  are  localized  In  a  certain  range  of  controlling  parameters. 

Figure  1  shows  one  example  of  the  type  of  structures  that  thay  studied.  The  frame 
Is  composed  of  two  bars  pinned  to  knife  edge  supports.  Both  bars  are  allowed  to  vibrate 
In  their  axial  and  transverse  (l.e.,  along  and  perpendicular  to  the  long  axis  of  the  beams) 
directions.  All  tha  three  joints  are  constrained  by  linear  elastic  springs.  The 
parameters  of  Intersest  In  this  study  are  the  angle  between  beam  one  and  the  fixed  x-axls 
(6),  the  stlffnes  of  tha  connected  springs  (k),  tha  length  and  thickness  of  tha  bars  (L,h), 
and  the  material  properties  of  the  beams,  in  this  paper,  the  case  of  varrylng  the  angle 
6  Is  presented  for  discussion  purposes. 

Figure  2  shows  the  frequency  curvas  of  the  lowest  four  natural  frequencies  vs.  tha 
angle  0  which  varrles  from  0*  to  90'.  It  Is  observed  that  the  frequency  curvas  1  and  2, 
and  3  and  4  cross  each  other  when  0-6*  and  0-12.5*  degroes,  respectlvey.  Figure  3  shows 
a  zoomed  version  of  figure  2  In  the  vicinity  of  the  Intersection  of  and  curves.  In 
this  figure.  It  Is  clearly  shown  that  the  two  curves  cross. 

How  the  mode  shapes  behave  before,  at,  and  after  the  crossing  point  Is  also  of 
Interest.  Figure  4  shows  the  third  and  fourth  mode  shapes  before,  almost  where,  and  after 
their  frequency  curves  intersect.  It  Is  observed  that  not  only  the  modes  are  localized 
In  tha  vicinity  of  the  crossing  point,  but  also  they  go  through  a  transiosion  after  the 
Intersection.  In  other  words,  the  third  mode  appears  at  a  higher  frequency  than  the  forth 
one,  and  vice  versa.  Theso  localizations  and  translslons  are  very  Impotent  In  experimental 
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work  «nd  forcad  vibration  of  tha  atrucutraa.  If  tha  axparlnantallat  la  awara  of  tha 
occuranca  of  auch  phanoMnon,  tha  aanaora  can  ba  affactivaly  placaa,  and  tha  raaultlng 
maaaurad  data  ara  nuch  aaalar  to  Intarprat.  Furthermora,  tha  forcad  raaponaa  of  the 
atrucutra  la  draatlcally  changad  In  thla  ranga  of  paramatara. 

rraa  Vlbrataona  of  kavaatrlc  Klaaa 

In  a  aarlaa  of  papara  by  Allaal,  at  al,  [4-B]  It  la  ahown  that  thaaa  phanomanona 
occur  In  ncnnnlfom  ring  typa  atructuraa  (l.a.  tlraa).  Tha  controllng  paramatara  ara 
nunbart  magnltuda>  and  ralatlva  location  of  non  unlformltlaa  around  tlraa.  Both  rlng-on- 
alaatlc-foundatlon,  and  a  flnlta  alamant  modal  of  tlraa  ara  utlllaad.  In  tha  caaa  of  tha 
ring  oodel<  tha  cloaad  form  aolutlona  ara  uaad  to  ganarata  tha  natural  fraquanclaa  and  mode 
ahapaa  of  tha  uniform  ring.  In  tha  aacond  caaa,  an  axlaymatrlc  flnlta  alamant  modal  of 
tha  tlra  la  uaad  to  produca  tha  fraa  vibration  eharactarlatlca  of  tha  uniform  tlra.  Next, 
tha  racaptanca  Mth^  la  utlllxad  to  add  tha  nonuniformity  alamant  around  tha  tlra,  and 
tha  natural  fraquanclaa  ind  mode  ahapaa  of  tha  nonuniform  tlra  are  datamlnad.  Soma  of  the 
raaulta  aaaoclatad  with  the  ring  modal  ara  praaantad  hare. 

Flgurea  5a-c  ahow  the  frequency  curvaa  of  tha  flrat  three  modaa  of  a  ring  on  an 
alaatlc  foundation  with  two  localix^  atlffnaaa  Irragularltlaa  around  It.  Tha  flrat 
charactarlatlc  that  should  bo  noted  la  that  tha  Irregularities  have  doubled  tha  number  of 
modes  of  tha  ring.  Tha  later  has  bean  only  reported  in  rotating  rings.  An  Increase  In 
tha  separation  angle  a,  has  stiffening  affect  an  one  aat  of  modes  (l.a.  frequencies 
Increase)  while  It  has  softening  affect  on  tha  other  modes  (l.a.  the  fraquanclaa  decrease). 
It  should  also  bo  observed  that  at  certain  valuas  of  the  separation  angle,  there  are  pair 
of  modaa  with  the  same  fraquanclaa  (l.a.,  crossing  points,  for  examplai  n«2,  a>45*, 
K/M«100)  but  different  mode  shapes  .  Furthermore,  the  number  of  crossing  point  la  eqaul 
to  tha  value  of  n  as  exjiacted,  and  the  crossing  pints  are  moved  to  higher  ranga  of  the 
separation  angle,  a,  as  tha  magnitude  of  tha  nonunlformltlas  ara  Increased.  Finally,  mode 
translslen  occurs  for  cerataln  ranga  of  tha  parameters  (l.a.,  tha  frequency  curves  cross 
their  upper  limit  and  enter  the  ranga  of  the  next  mode)  . 

Figures  6a-c  represent  tha  corresponding  mode  shapes.  For  aome  values  of  the 
nonunlformltlas  and  separation  angle,  tha  modes  ara  localized  {(n^l,  a«20,45,70°,  K/H« 
10’),  (0^2,  a>70°,  K/H>  lO’)}.  As  It  la  shown  In  figure  6  when  (n»3,  a>60  and  120°,  K/M> 
10’) ,  the  second  pair  of  tlie  third  mode  has  crossed  Its  upper  limit  and  It  Is  no  longer 
classified  as  the  third  mods.  Therfore,  It  Is  not  shown  in  figure  6.  In  the  case  of  (n»3, 
asi60°,  10’),  the  mode  shajpas  are  localized. 

Loci,  veering  has  not  been  observed  In  any  of  the  cases  except  whan  the  nonuniformity 
elements  ara  placed  at  eqaul  separation  angles.  In  this  case,  frequency  curves  either  veer 
away  after  coming  close  together  or  cross  as  shown  In  figures  7-B,  respectively.  In  the 
case  of  two  eqaully  placed  stiffness  nonuniformltlss,  only  veering  Is  observed  In  the 
frequeey  curves  (see  figure  7),  and  the  mode  shapes  go  through  a  translslon  of  resembling 
higher  modes  after  the  veering  range  (see  figure  9).  However,  modes  are  never  localized. 
On  the  contrary.  In  the  case  of  three  equally  spaced  stiffness  elements,  both  loci  veering 
and  crossing  occurs  (see  fig  ire  8).  As  It  Is  observed  In  figure  10,  the  mode  shapes  also 
undergo  both  localization  and  translslon.  Finally,  the  degenrated  mode  shapes,  for  the 
case  of  three  equally  space  scrings,  are  shown  in  figure  11,  All  these  mode  shapes  must 
be  Included  In  the  forced  vlt  atlon  In  order  to  have  a  correcte  solution. 

The  occurance  of  these  phenomenon  in  rings  and  tires  Is  Important  since  In  practice 
no  ring  or  tire  Is  precisely  uniform.  It  may  happen  that  the  nonuniformity  parameters 
cause  such  effects  which  will  substantially  invalidate  the  predicted  response  of  a 
theoretical  modal  In  which  the  nonunlformltiss  are  neglected.  Also,  the  measured  damping 
factors  may  be  seriously  In  error  (14]  since  mode  localization  has  similar  effect  as 
damping  does  on  the  forced  response  of  streuturss.  One  should  be  aware  that  the  energy 
Injected  Into  the  tire  from  an  external  source  (such  as  ground  contact  forces)  can  not 
propagate  far  away  from  the  source  when  tha  modes  are  localized.  Therefore,  the  energy 
Is  built  up  around  the  source  until  the  total  rate  of  dissipation  In  that  region  matches 
the  rate  of  energy  Input  [14].  Practical  Implications  of  energy  build-up  In  nonuniform 
tires  near  tha  Input  source  due  to  localization  need  more  In  depth  Investigation  which  la 
under  way  at  QRDC,  Inc.. 

Discussion 

One  implication  of  occurrence  of  such  phenomenon  In  structures  and  vibrating  parts 
Is  that  the  assumptions  of  simple  mode  shapes  made  In  approximate  methods  would  not  be 
valid  In  tha  vicinity  of  loci  veering  and  crossing,  or  mode  localization  and  transition. 
Thsrefore,  numerical  models  will  lie  in  error  If  the  same  modes  are  used  for  entire  ranga 
of  parameters  of  interest.  Another  Important  point  Is  that  during  the  occurrence  of  loci 
veering,  and  nodal  patterns  ara  ]tnown  to  undergo  rapid  changes.  Such  rapid  changes  In  the 
mode  shapes  ace  likely  to  significantly  change  the  flutter  characteristics. 

The  mode  localization  has  Its  own  implications  In  propagation  of  vibrational  energy. 
As  It  Is  pointed  out  by  reference  (13],  In  the  case  of  localization  of  the  mode  shapes, 
the  vibration  energy  Is  confined  to  a  local  region  and  does  not  propagate  to  large 
distances.  The  conventional  method  of  controlling  the  propagation  of  vibration  Is  to 
Introduce  some  sort  of  damping  to  dissipate  the  energy.  Under  certain  conditions,  mode 
localization  has  shown  to  have  similar  effects  by  confining  tha  energy  Instead  of 
dissipating  It.  In  his  paper,  Hodges  (14]  uses  the  coupled  pendular  arranged  on  a  chain, 
and  a  vibrating  string  constrained  with  masses  and  springs  to  demonstrate  the  phenomenon. 
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It  was  tha  aim  of  this  projact  to  study  thasa  vibration  phanonanon  in  ordar  to  draw 
a  link  batwaan  all  four  characteristics,  and  classify  tham  on  tha  basis  of  thalr  affect 
on  tha  vibration  raaponaa  of  structures.  Tha  main  focus  of  this  work  has  baan  to 
invaatlgata  tha  feasibility  of  applying  thasa  vibration  phanomanons  to  better  undrastand, 
and  tharefora  control  tha  dynamics  of  structuras. 

After  an  overview  of  tha  literature  -tas  presented,  occuranca  of  the  phenomenon  in 
frame  and  ring  structures  was  discussed.  It  was  shown  that  loci  veering  and  crossing,  and 
mode  localisation  and  translsion  do  occur  in  both  type  of  structuras.  Therefore,  if  tha 
parameters  of  tha  system  are  properly  tuned,  one  may  be  able  to  force  tha  vibrational 
energy  to  be  confined  to  a  specified  region,  thus  easier  to  monitor  and  control. 

A  better  understanding  of  the  above  mentioned  vibration  phenomenons  is  the  key  to 
more  effectively  applying  them  to  reduce  tha  undesired  vibrations  in  components  and 
structuras.  Tha  link  between  all  mode  localisation  cases  ,  as  well  as  tha  significant 
parameters  should  be  sstabllshad.  Finally,  an  investigation  of  the  forced  vibration  of 
localised  structuras  need  to  be  conducted. 
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Figure  1  A  two-bar  frame  with 
elastically  supported  joints 


Figure  2  Lowest  four  frequency 
curves  of  a  two  bar  frame 


Anqlv,#, 


Figure  3  The  enlarged  frequency 
curve  of  the  third  an'  fourth 
mode  in  the  vicinity  of  their 
crossing  point 
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thjftf  eod*  fourth  •ode 


Fiqura  4  The  third  and  fourth  mode  ehapes  of  the  frame  In  the 
vicinity  of  their  croaaing  point 


Figure  S  The  loweet  three  frequency  curvee  of  a  ring  on  an 
elastic  foundation  with  two  localized  etiffnees 
nonuniformities  located  at  an  eeparation  angle,  a, (a)  k/M«100, 
(b)  k/M«10S  (c)  k/M-10‘  rad/e* 
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Figure  7  The  natural  frequency  curvea 
of  a  ring  on  an  elastic  foundation 
with  two  equally  apaced  stiffness 

nonunlformltlaSi  a=180",  -  uniform 

ring,  _  nonuniform  ring 


Figure  9  The  mode  shapes  of  a  ring  on 
.an  elaatlc  foundation  with  two  equally 
apaced  stiffness  nonunlformltles, 

(a)  k/M°lB04,  (b)  )c/M-3E05, 

(c)  k/M>lB06  rad/s' 


Figure  8  The  natural  frequency  curves 
of  a  ring  on  an  elastic  foundation 
with  three  equally  spaced  stiffness 

nonunlformltles,  aBl20’, - uniform 

ring,  _  nonuniform  ring 


Figure  10  The  mode  shapes  of  a  ring  on 
an  elastic  foundation  with  three 
equally  spaced  stiffness 


Figure  11  The  decienerated  mode  shapes  of  a  ring  on  an  elastic 
foundation  with  three  equally  spaced  stiffness 
nonunlformltles 


1616 


SECOND  INTERNATIONAL  CONGRESS  ON 
RECENT  DEVELOPMENTS  IN  AIR-  AND 
STRUCTURE-BORNE  SOUND  AND  VIBRATION 

MARCH  4-6,  1992  AUBURN  UNIVERSITY,  USA 


NODAL  ANALYSIS  AND  SYNTHESIS  OF  CHAMBER  MUFFLERS 
Rudolf  N-  Stafob insky 

Labor  and  Environment  Protection  Department 
Toqliatti  Polytechnical  Institute 
Belorusskaya  st.tl4  Toql iatti f 445667 
USSR 


ABSTRACT 

Expansion  chambers  are  the  main  elements  of  noise  mufflers- 
The  main  principle  of  their  work  is  the  reflection  of  the 
incident  Have  sound  energy  back  to  the  inlet  pipe-  In  low 
frequency  range  their  characteristics  depend  on  chamber  volume 
and  chamber  efficiency  increases  together  with  the  noise 
frequency-  In  the  middle  and  high  frequencies  regions  chamber 
efficiency  depends  very  much  on  resonance  excitation  of  sourH  in 
its  cavity  and  it  decreases  when  excitation  is  near  to  chamber 
natural  frequencies- 

Efficient  ways  of  resonance  transmissions  decreasing  and 
chamber  protection  characteristics  improving  are  synthesis  of 
chamber  oscillation  modes  and  their  connections  with  the 
pipes-  In  these  cases  sound  transmission  decreasing  is  reached  by 
means  of  weakening  of  connections  between  pipes  and  the  most 
dangerous  modes!  selective  increasing  of  sound  energy 

dissipation  of  some  modes*  interdependent  compensation  of 

transmitting  by  modes  having  divisible  natural  frequencies- 
Independent  compensation  of  sound  oscillation  running  into 
outlet  pipe  from  different  points  of  the  chamber  is  used  too- 

Some  examples  of  using  of  these  ways  for  intake  and  exhaust 
mufflers  creation  are  given- 

INTRODUCTION 

Chamber  mufflers  are  usually  used  for  noise  transmission 
decreasing  at  frequencies  for  which  half  of  sound  wavelength  is 
more  than  connection  pipes  sectional  dimension-  Noise 
transmission  decreasing*  particularly  for  low  frequencies  is 
reached  mainly  owing  to  a  buffer  (accumulation)  effect-  This 
effect  is  proportional  to  the  chamber  volume  and  noise  frequency 
and  it  doesn't  depend  on  a  chamber  shape-  At  high  frequencies 
for  which  half  of  sound  wavelength  is  compared  with  chamber 
size*  chamber  characteristics  depend  on  the  wave  phenomena  in 
their  cavity-  They  depend  on  the  chamber  volume  and  shape  as  well- 

At  frequencies  which  are  near  to  natural  frequencies  of 
chamber  cavity*  resonance  phenomena  increasing  the  sound 

transmission  and  decreasing  their  protection  characteristics  are 
typical-  Modal  analysis  of  these  phenomena*  their  mathematical 
description*  possible  ways  of  chamber  efficiency  increasing* 

methods  of  chamber  synthesis  are  considered  in  this  paper- 
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MODAL  ANALYSIS  OF  SOUND  FIELD  IN  CHAMBER  CAVITY 

Princi:>al  schcM  of  chaaber  axe  i  tat  ion  by  incident  Mava  and 
sound  transaission  through  chaabar  used  for  transaission  losses 
definition  is  given  on  fig«l>  On  fig>2  equivalent  electric 
circuit  describing  the  chaaber  by  an  incident  Mave  Of/  is  given* 
For  calculation  transaitted  Mave  bt  aaplitude  one  supposes 
tension  source  intensity  .  In  this  case  b  =  U  •  In  this 
circuit  the  resistances  and  Zot  describe  characteristic  iapedances 
of  inlet  and  outlet  pipes*  Chaaber  characteristics  are  described 
by  naans  of  iapedance  natrix  having  elanents  ^iK^Uj/iig  Their 
values  are  described  by  aeans  of  siodal  expansions  '  '' 


( 1) 


Mhere  f  are  natural  frequencies  of  chaaber  cavity*  United  Mith 
inner  surface  of  chaaber  Nalls*  outer  surface  of  pipe  inner 
parts  and  iaaginary  surface  of  hard  covers  closing  open  pipe 
ends  (on  fig*  la  this  voluae  is  United  Mith  dotted  ling.)  are 

average  neanings  of  node  %  on  iaaginary  covers  1  and  2*  an  ave¬ 
rage  Meaning  of  node  in  voluae*  ''is  cavity 

conductivity*  y  is  chaaber  valuaa*  and  "c  drm  gas  density  and 
sound  velocity*  '' 

Chaaber  transaission  characteristics  depend  nainly  on 
transfer  iapedance  Z//  *  It  defines  sound  pressure  near  outlet  2 

if  the  chaaber  is  excited  by  voluae  velocity  at  inlet  1*  With  the 

help  of  nodal  expansion  (1)  Z  is  described  as  sun  of  transfer 

iapedances  of  unconnected  nodes*  One  can  regulate  -  full  trans^r 
iapedance  value  by  separate  action  to  each  of  nodal  iapedances  zUf  * 
When  the  chaaber  is  excited  by  running  Nave  (see  fig *2) 
oscillations  of  separate  nodes  in  the  cavity  turn  out  to  be 

connected  through  resistances  and  Zg^  *  hoNever*  out  of  the 

resonance  oscillation  zone  this  connection  doesn't  influence  nuch 
on  sound  transaission*  As  chaaber  synthesis  is  done  particularly 
for  this  zone*  sound  transaission  analysis  Nith  the  help  of 
transfer  resistance  values  is  very  productive  for  solving 

problens  of  designing  of  chaaber  of  high  effectiveness* 


THE  WAYS  OF  IMPROVING  OF  CHAMBER  MUFFLER  EFFECTIVENESS* 

One  can  substantially  inprove  chaaber  auffler  effectiveness 
ONing  to  the  suppression  (even  partial!  of  resonance  sound 
transnissions  at  loNer  natural  frequencies*  In  such  a  Nay  chaaber 
TL  -  characteristics  in  the  frequency  zone  Mhere  resonance  transfer 
are  suppressed  approach  to  characteristics  of  ideal  buffer 
cavity*  having  transfer  iapedance  Zg/ “  y~^  •  For  realization  of  such 
Kind  of  chaabers  there  are  used  the  aethods  including  the  folloNing: 

incTwasing  of  the  first  natural  frequency  ONing  to 
approaching  of  the  chaaber  shape  to  spherical  one*  cubic  one  or 
similar  to  then* 

increasing  of  oscillation  dacrenents  of  soae 

the-  active  resistance  situation  in  the  pressure 
velocity  loops)  and  active  pliabilities  in 

pressure  loops  of  the  suppressed  nodes! 

-  chaaber  excitation  and  sound  transfer  decreasing  ONing  to 

the  pipe  open  ends  situated  in  the  pressure  nodes  of  loNer  nodes 
(in  this  case  meaning  in  foraula  I  decreases) • 

-  interdependent  coepensation  of  the  transferring  oscillations 
Nith  the  nodes  Nith  each  other* 


-  selective 
modes  oNing  to 
nodes  ( in  th( 


To  do  it  chaaber  shape  and  diaension  are  chosen  in  such  a  May 
that  in  the  spectrua  of  its  natural  frequencies  identical 
(divisible)  frequencies  corresponding  to  the  different  nodes 
should  be  present-  The  coapensation  is  reached  with  the  choice  of 
inner  pipe  open  ends  in  chaaber  placing*  providing  pressure 
suaning  at  outlet  pipe  open  end  fron  the  nodes  with  divisible 
natural  frequencies  with  the  opposite  signs- 

-  selective  interferation  oscillation  fron  sane  points  of 
cavity  at  natural  frequencies  owing  to  pressure  phase  difference 
in  that  points  or  different  transfomation  of  the  phase  in 
branched  pipes? 

-  selective  suppression  of  transaission  at  natural  frequencies 
owing  to  using  of  narrowband  resonators- 


PRIMCIPAL  SCHEMES  OF  CHAMBER  WITH  HIGH  EFFECTIVENESS - 

Sone  possible  variants  of  constructive  schenes  of  the  chaabers 
aade  according  to  above  written  principles  are  given  on 

fig-  3*  St  6t  7-  For  cubic  chaaber  given  on  fig-3  transaission 
decreasing  is  reached  owing  to  inner  pipe  open  ends  placing  in 

nodes  of  lower  nodes  with  n*  a«  1  =  If2t3-  TL  -  characteristic  of 
this  chaaber  (full  line  on  fig-  4)  are  coapared  with  TL  - 

characteristic  of  standard  cylindrical  chaaber  without  inner 

pipes  and  with  the  division  length  to  diaaeter  (L:d=2>- 

Cnaaber  schcae  with  suppression  transaission  by  node  with 
n  =4  by  aeans  of  transversal  partition  is  given  on  fig-5-  The 
partition  is  placed  in  node  surface  of  the  node  with  n=4-  In 

the  chaaber  given  on  fig-6  the  transfers  by  the  aodes  and 

suppress  each  other-  The  interferention  principle  is 
illustrated  by  the  chaaber  gLven  on  fig-  7-  In  this  chaaber 

sound  transaission  by  radial  node  is  suppressed  with  the  help  of 

the  interferention  sound  signals  frua  this  aode  caae  froa  points  A 
and  B  to  point  C- 


CONCLUSION 

Given  above  exaaples  illustrate  wide  opportunities  of 
supposing  aethods  of  chaaber  synthesis-  These  aethods  are 
successfully  used  for  aany  constructions  of  autoaobiles  intake 
and  exhaust  aufflers- 
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ABSTRACT 

An  overview  of  several  digital  adaptive  nitering  techniques  is  given.  The  methods  range  from  a  simple  leasi- 
mean-squares  (LMS)  approach  to  fast  transversal  and  adaptive  infinite  impulse  filtering  algorithms.  An 
evaluation  is  perfonred  to  determine  which  of  the  several  adaptive  filter  algorithms  are  particularly  suited  to 
active  noise  control  applications.  Each  method  is  then  tested  in  a  computer  simulation  of  an  active  noise  control 
problem.  Considerations  for  the  implementation  of  an  active  noise  control  system  are  discussed. 


NOMENCLATURE 

n  Discrete  time  or  sample  index 

N 

Dimension  of  vector 

e(n) 

Instantaneous  error  signal 

d{n) 

Instantaneous  system  ojtput 

d(n) 

Instantaneous  system  estimate 

e{n) 

Instantaneous  mean  square  error 

w,(n) 

ith  filter  weight 

x(n) 

Instantaneous  system  input  value 

Wjr 

Filter  weight  vector  of  len<;lh  N 

Input  sample  vector  of  length  N 

Pit 

Gross-correlation  vector  of  output,  <f(n). 

Autocorrelation  matrix  of  input 

M 

and  input  vector, 

Step  size  for  adaptive  algorithms 

a 

Alternate  st^  size  for  adaptive  algorithms. 

X 

Forgetting  factor  for  RLS  filter 

e(iln) 

a  =  2fi 

Conditional  error  used  in  RLS  algorithm 

Data  matrix  for  FTF  algcrithm 

ff(n) 

Unit  time  vector  used  in  FTF  algorithm 

a«(«) 

Autoregressive  filter  weights  in  DR  filter 

Moving  average  filta  weights  in  DR  filter 

ENTRODUenON 

lie  first  part  of  this  paper  will  provide  an  overview  of  the  prmciples  and  techniques  of  digital  adaptive  filtering, 
.lie  next  several  sections  will  cover  various  adaptive  filtering  algorithms.  The  equations  necessary  for  each 
algorithm  will  be  provided.  While  this  material  is  not  new.  it  hu  been  included  in  the  inlcresi  of  completeness. 
A  complete  derivation  of  all  the  algorithms  used  will  not  be  given.  The  notation  style  used  and  most  of  the 
equation  derivations  are  from  reference  1.  Additional  derivations  and  general  digital  filtering  information  has 
been  gathered  from  references  2,  and  3. 

After  the  algorithms  have  been  presented,  they  will  be  compared  on  a  basis  of  algorithmic  complexity,  execution 
time  and  stability  characteristics.  A  brief  description  of  the  mi-^hods  of  active  noise  control  will  be  given.  Then, 
the  necessary  considerations  fat  an  adaptive  filter  impIementaUon  of  active  noise  control  will  be  discussed.  The 
algorithmic  analysis  and  the  specific  requirements  of  active  noise  control  will  then  be  used  to  determine  which 
algorithms  are  tM»t  suited  to  &e  active  control  of  sound  and  vibration.  Finally,  the  results  of  simulations  and 
actual  tests  will  be  i»esented. 

^Hutarck  Eitgiiutr  at  GTR!  and  Cradaau  SniJtiu  in  tilt  Otar  fit  Tteh  School  of  Elteirieal  Singinttring 
^Htod:  Aeotutkt  Brandi,  CTBIlMiO  and  Proftttor:  School  of  Atrotpae*  Enginttring 
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OVERVIEW  OF  ADAPTIVE  FILTERING 

Adq>tive  filtering  can  peilu^ts  best  be  explained  as  a  feedback  control  system.  An  input,  x,  is  fed  through  a 

digital  filter  and  an  output,  d  is  produced  (See  Figure  1).  The  n  in  the  figures  and  equations  is  the  index  to  the 
particular  time  sample  in  the  signal. 


Hgurel.  Adaptive  digital  filter.  Figure  2.  System  identification  application. 

The  parameters  of  the  filter  are  continually  adjusted  as  the  filtering  algorithm  uses  the  error  input,  e,  to 
determine  filter  performance.  Adaptive  filtering  algorithms  use  various  methods  in  an  attempt  to  r^uce  the 
feedback  error  signal  to  zero.  The  particular  appteation  will  dictate  how  the  error  signal  is  determined. 

A  typical  t^lication  for  adaptive  filtering  and  the  one  most  commonly  use^  in  active  noise  control  is  system 
identification.  In  this  application,  the  adaptive  filter  is  attempting  to  estimate  the  output,  d,  of  an  unknown 
s>‘.nern.  A  block  diagram  of  a  ^stem  identification  application  is  shown  in  Figure  2.  A  review  of  the  work 
done  in  active  noise  control  with  this  and  other  system  models  can  be  found  in  reference  4.  More  extensive 
information  about  recent  woric  in  active  noise  control  can  b  found  in  reference  5. 

Clearly,  the  error  in  this  application  will  be  generated  by  determining  the  difference  between  the  system  output 
and  the  filter  output.  The  simplest  difference  measure  is  a  simple  subtraction.  This  error  is  luiown  as  the 
I»ediciion  error. 

^n)=d{n)-d{n) 

It  is  often  convenient  to  use  an  error  measure  that  equally  weighs  positive  and  negative  errors.  This  is  easily 
i!ccomplished  by  squaring  the  prediction  errm. 

e*{«)=[d(«)-d(n)f 

In  most  real  systems,  there  is  some  noise.  This  noise  is  usually  modeled  as  a  stochastic  process.  Since  the 
system  output  has  stochastic  noise,  die  error  signal  is  also  modeled  as  a  stochastic  process.  The  stochastic  noise 
is  handled  by  taking  the  ensemble  average  or  mean  of  the  squared  error.  This  is  called  the  mean  squared  error 
measure  (MSE)  and  is  tMinod  as 

e(«)=£{«*(n)}  (3) 

where  £{■}  is  the  statistical  expectation. 

The  task  of  digital  filtering  is  to  produce  an  estimate  of  the  system  output  that  will  be  used  to  deiomine  the  error 
fimetion.  The  filler  produces  this  output,  d,  1^  convolving  the  input  stream,  x,  with  a  vector  of  filter  weighu, 
Wj,.  This  convolution,  ediich  can  also  be  calculated  as  the  vector  dot  produa  of  the  weight  vector  and  a  vector 
of  iiqmt  samples  (in  the  case  of  a  finite  impulse  reqxmse  filter),  is  shown  in  equation  (4).  The  equation  for  tlie 
more  complex  infinite  impulse  reqionse  filter  wiU  be  given  later.  The  filter  is  completely  specified  by  its  weight 
vector.  w„.  More  accurate  filters  can  be  built  using  longer  weight  vectors.  (For  a  detailed  description  of  digiul 
filtering  see  references  6  and  7.)  The  ‘‘T‘  in  equation  (4)  and  subsequent  equations  is  the  matrix  and  vector 
tranqiose  operator. 


d(«)  =  X  »n(#i)x(ii  -i)  a  wl(n)x„(ii) 


(4) 


^jr  (**)  ®  ["liO*),.  •  • ,  j  (n)], 

(«) ^ + 1)J 
icaa 


where 


(5) 


i 

\ 

j 


I 

s 
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The  problem  of  adaptive  filtering  then,  it  to  deteroiine  the  iq>propria>e  values  for  the  weight  vector,  If  we 
substitute  equation  (4)  into  equatim  (2)  and  m  turn  substitute  equatitm  (2)  into  equation  (3)  we  get  (after  some 
algebra): 

e(Wj»)  =  -  2wj;£{d(«)x^(#«)}  +  w];£{xj,(«)xl(«)}w^ 

We  define  the  cross-correlation  vector,  p^^.  as 

p*=£{d(n)x^(«)}  (7) 

and  the  autocorrelation  matrix,  R^r.  as 


Then,  by  substimting  equations  (7)  and  (8)  into  equatirm  (6)  we  get  the  MSE  in  the  form 

£(w^)=o2-2w;p*  +wjR^w^ 


(8) 

(9) 


The  MSE  surface,  £(Wj,),  will  look  something  like  an  N  dimensional  bowl.  Hence  it  will  have  only  one 
extremum  and  that  extremum  will  be  t  minimum  point.  This  point  can  be  located  by  taking  the  partial 
derivatives  of  e(w^)  with  nspeci  to  each  elemoit,  w,.  of  and  setting  the  derivatives  equal  to  zero.  These 
equations  can  be  represented  by  the  matrix  equation 


r  =  Pr,. 


(10) 


where  vt],  denotes  the  q>timal  Alter  weight  vector.  The  optimal  Alter  weight  vf  -  tor  solution  b  then 


'll) 


where  R;;J,  is  the  inverse  of  the  autocorrelation  matrix.  As  N  increases,  it  becomes  increasingly  time  consuming 
and  difAcult  to  czlcuuic  R  Therefore,  most  adaptive  Altering  algorithms  do  not  calculate  R)^  directly. 


This  is  the  basic  derivation  iqKm  which  all  adaptive  Altering  algorithms  are  based.  In  the  following  sections, 
individual  algorithms  will  be  Resented  and  analyzed. 


FINITE  IMPULSE  RESPONSE  METHODS 

A  Anite  iinpiJse  reqronse  Alter  (FIR),  as  the  name  implies,  will  have  a  Aniie  output  re^.'ise  to  an  impulsive 
mput.  Mathematically,  it  means  that  the  output  ran  be  computed  from  the  input  alone,  'niere  are  no  recursive 
inputs  i  'ing  fed  back  Aom  the  output.  Hnite  impulse  response  (FIR)  Alters  have  the  foim 

t?  ,  (12) 

Each  of  the  tollowing  algorithms  computes  the  optimal  value  of  the  Alter  weighu;,  wj^,  for  an  FIR  Alter  The 
solutions  found  will  dqrend  on  the  etror  function  c  esen  ap .  the  convergence  mtnhod.  The  sL'.-plest  of  these 
algorithms  is  called  the  suepest  descent  algorithm. 


Steepest  Descent  Algorithm 

The  steepest  descent  algorithn  can  peih^  be«  be  understood  by  visualizing  the  MSE  surface  deAned 
equaUon  (9)  for  a  two  dimensional  weight  vector,  w,.  This  surface  will  look  like  a  bowl  in  three  dimensions 
(seeIngureS). 


Hgure  3.  .Mean  squared  error  surface  for  w,. 
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Assume  we  have  an  initial  weight  vector.  Wj{0).  somewhere  on  the  surface  of  the  bowl,  but  not  at  the 
minimum.  On  the  next  iteration.  w,(l)>  we  can  get  closer  to  wj  by  taking  a  step  towards  w*.  By  taking 

owugh  steps,  we  should  eventually  get  a  good  approximation  of  wj.  This  is  the  idea  behind  the  steepest 
descem  algorithm. 


It  is  necessary,  then,  to  determine  the  direction  towards  wj.  This  direction  can  be  found  by  taking  the  gradient 
of  the  error  surface  of  equation  (9)  at  position  w,(n).  The  gradient  is  defmed  as 


(13) 


where  V(‘]  is  the  gradient  operator. 


The  size  of  the  stq».  ft,  will  depend  upon  the  constrainte  of  the  qqrlicaUon.  With  a  smaller  step  size  the 
algorithm  will  converge  to  the  0|]^al  weight  'ector  mwe  slowly,  but  probably  more  accurately.  The  weight 
vector  update  equation  then  becomes 

w^(n+l)=w*(ii)-^V,(£(n)]  (14) 

If  we  substinite  the  dermition  ofc(w^)  ftom  equation  (9)  into  equation  (14)  and  calculate  the  gradi^t.  wc  get 

w»(«  + 1)  =  w,(f.)+ 2/i(p^  -  R,»w^(«)]  (15) 

Aviilatdedau  is  used  to  compute  estimates  of  p«  and  and  a  reasonable  choice  is  made  for  the  constant  fi . 
In  a  typical  application,  a  new  input  sample.  x(«).  is  taken  and  the  input  vector  is  filtered  using  equation  (4).  A 
newwti^vector.  w^(n  4- 1),  is  computed  using  equation  (IS)  and  the  process  begins  again.  If  the  estimates  of 
and  R^  are  accurate,  the  filter  output.  d(n).  wiU  converge  to  the  desired  response. 

Least  Mean  Souates  Algorithm 

Oneof  the  problems  of  the  steqiest  descent  algorithm  is  that  it  requires  that  estimates  of  p^and  R^v  be  known. 
Calculation  of  these  sutistics  might  take  considerable  time.  Even  if  time  is  not  a  problem,  the  data  to  be  filtered 
must  be  stationary  in  order  'o  avoid  significant  errors. 

The  least  mean  squares  (LMS)  algorithm  avoids  these  problems  because  it  doesn't  require  the  second  order 
sutistics  (fixptcwioM  of  the  product  of  two  random  variables),  and  R^.  The  LMS  algorithm  uses  an 
estimate  for  the  gradient  (equation  (13))  in  the  weight  update  equation.  The  gradient  can  be  written  as 

V.(e(«)J  =  -2£{e(n)x»(n)}  (16) 

and  hence,  the  gradient  estimate  can  be  written  as 


^,te(«)I=-2£{e(ii)x^(n)} 
A  reasonable  estimate  of  the  expected  value  is 


(17) 


£{«(«)x,(ii)}  =  c(ii)x^(n) 
so  the  filter  weight  update  equation  becomes 


(18) 


w„(#i+l)=w,(ii)+ae(#i)x^(n)^  (19) 

where  a = ^  with  no  loss  of  generality.  The  LMS  algorithm  has  the  advantage  that  it  U  the  simplest  of  the 
^gorithms  in  terms  of  computational  complexity  and  storage  requiremenu.  The  essendal  difference  between 
A  t**®??*.  5?“*“  ••**>thm  and  the  LMS  algoriftm  is  that  the  suqiest  descent  algorithm  is  deterministic 
while  the  LMS  algonthm  uses  a  stochastic  approximation  of  the  gradient  as  it  converges  to  the  optimal  weight 
vector,  w]j. 

Reniriive  I  aatt  j;qii«n.«  AlpoHihm 

Unlike  the  LMS  algorithm,  the  recursive  least  squares  (RLS)  algorithm  produces  filters  that  are  exacUy  optimal 
for  the  dam  acquired  r.dier  that  sutistically  optimal.  This  is  accomplished  by  minimization  of  the  cumulative 


e(«)=iA*V(iln) 

•■I  ' 

rather  than  the  mesA  squared  am  of  cquaUon  (3).  The  conditional  error.  e(4«) .  is  defined  as 
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«(ilii)  =  <<(0-x'(0w„(n) 

The  coostaiu.  X ,  it  called  the  forgetting  factor  and  is  typically  used  to  weight  recent  dau  samples  more  heavily. 
If  die  data  is  station^,  A  can  be  set  to  1.  Otherwise,  a  value  between  0.95  and  0.999S  is  usually  a  good  choice 
for  tracking  ncHistationtry  signals. 

We  now  define  the  sample  autocmielation  matrix  as 


and  the  sample  ctoss-coirelatitm  vector  as 

"  (23) 

P«{«)=£A-*rf(i)x*(0 

<•1 

Rj^(m)  and  pj,(n)  qiproximate  the  second  order  statistics  and  lim, ,  .  (l/n)R^fii)  =  R^.  where  R^  without 
the  indM  it  the  true  autocorrelation  matrix.  Thus,  the  filter  wdght  vector  can  be  found  using  a  matrix  equation 
similar  to  the  normal  equation  (11)  used  previously. 

v^.(«) = R;2,(ii)pj,(n)  C24) 

A  recursive  relationship  can  be  used  to  compute  ll)J,(fi)  from  R;;|,(n- 1)  as  follows: 


RjirW  g  t[  - 1)  -  ~  ^^1 

AL  J- 

where  /i(n)  is  the  scalar 

/t(«)  =  *J(«)Ri(«-l)Xj,{«)  (26) 

Rnally,  assigning 

g,(«)=Ri(n)x^(«)  (27) 

we  get  the  RLS  filter  weight  update  equation 

w,(fi)  =  w,(n-l)+g^(n)e(/i|«-l)  (28) 

The  RLS  algorithm  is  significantly  more  complex  than  the  IMS  algorithm,  but  provides  for  a  solution  based  on 
all  the  dau  rather  than  just  the  current  data.  The  RLS  algorithm  is  also  known  as  the  Kalman  algorithm. 

Fast  Transversal  Rher  Alforithm 

The  fast  traitsversal  filter  (FTF)  algorithm  is  actually  an  algorithm  which  uses  a  collection  of  four  transversal 
filtetr,  (1)  the  least  squares  prediction  filter.  (2)  the  forward  prediction  error  filter.  (3)  the  backward  prediction 
error  filter,  and  (4)  the  gain  transversal  filter.  The  first  filter  is  the  (1)  least  squares  filter  develop^  above. 
HowevCT,  the  least  squares  prediction  must  now  be  done  with  a  transversal  filter.  In  the  FTF  algorithm  a 
geometric  approach  is  taken.  The  mean  squared  error  described  earlier  is  a  sum  of  squared  error  terms.  This  is 
also  the  demtion  of  the  vector  inner  product 

e(ii)s(c(4i).c(ii|ii))  (25>) 

udiere  (•}  is  the  vector  inner  product  opermr.  The  least  squares  problem,  then,  is  simply  a  minimization  of  the 
vecior  norm  of  die  error  vectors.  The  minimum  can  be  found  by  taking  the  derivative  with  respect  to  the  weight 
vector  and  setting  it  equal  to  zero 

Substituting  and  solving  for  w,(n)  yields  the  blowing  vector  equation  for  the  least  squares  prediction  filter 
wights 

*»(*)  ~  ()(Mt-i(**)*^aif-i(*'))  )(tijf-i(*)6(o)^  ^  ^  ^ 

whae  X,^.,(ii)  is  the  dau  matrix  defined  by 
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x(n-l)  x(n-2) 
x(n)  at{n-l) 


x(n~N) 

x{n-N+l) 


Due  to  space  limiutions,  the  other  three  filter  algorithms  will  be  explained,  but  not  derived.  A  complete 
derivaticHi  can  be  found  in  reference  1.  The  second  filler  used  in  the  Fir  algorithm  is  the  (2)  forward  prediction 
errm  filter.  The  forward  prediction  error  is  the  difference  between  the  current  dau  value  x(n)  and  an  estimate 
of  the  current  dau  value  x(fi)  based  on  previous  dau  values. 

The  third  filler  is  the  (3)  backward  prediction  error  filter.  The  backward  prediction  error  is  the  difference 
between  the  delayed  dau  vector,  and  the  estimate  of  the  delayed  dau  vector,  x^{n-N).  The 

backward  prediction  atm  is  necessary  in  the  development  of  the  least  squares  FTF  algorithm. 

The  final  transversal  filter  required  in  the  FTF  algorithm  is  the  f4)  gm  transversal  filter.  The  gain  transversal 
filter  quantifies  the  ^ange  in  angle  between  successive  dau  samples  in  time.  The  corresponding  error  vector  is 
the  difference  between  the  unit  time  vector  rr(n)  and  the  least  squares  prediction  of  the  unit  time  vector  h(n). 

These  filters  are  interrelated  in  the  formulation  of  tiw  FTF  algorithm.  In  the  algorithm,  each  of  the  filters 
assumes  an  update  form  in  which  the  filter  weighu  are  adjusted  during  each  iteration  to  reduce  the  errors  for 
each  filter  described  above.  The  principle  benefit  of  the  FTF  algorithm  is  that  it  is  comparatively  insensitive  to 
the  correlation  properties  of  the  dau.  A  highly  correlated  input  can  significantly  increase  the  convergence  rate 
of  gradient-based  algorithms  such  as  the  IMS  algorithm,  but  the  FTF  algorithm  still  converges  quickly.  In 
addition,  the  convergence  factor  S  has  little  effect  rni  the  convergence  ^leed  of  the  FTF  algorithm. 


An  additional  0(N)  (where  0(N)  denotes  "orda  of  IT)  operations  can  be  conserved  using  a  variation  of  the  FTF 
algorithm  known  as  the  gain-normalized  fast  transversal  filter  (GNFTF).  This  reduction  is  accomplished  by 
normalizing  the  gain  vector  dividing  it  by  iu  angle  parameter 

c 

*  r»w 

The  angle  parameter  is  calculated  directly  from  the  dau  and  the  gain  vector.  The  reduction  in  the  number  of 
computations  is  particularly  due  to  a  simplification  in  the  calculation  of  the  backward  prediction  error.  After 
some  substitution  and  simplification,  equation  (33)  can  be  reduced  to  the  scalar  equation 

e*(ii|n-l)=in(»)c*{i»-I) 


By  reducing  equation  (34)  from  a  vector  to  a  scalar  equation,  iqrpioxiinately  0(N)  operations  are  conserved. 
This  reduces  the  number  of  operations  for  each  iteration  of  the  algorithm  firom  0(SN)  in  the  FTF  case  to  0(7N). 

INFINTTE  IMPULSE  RESPONSE  METHODS 

bifiniie  impulse  reqwnse  (OR)  dkiial  filters  differ  firom  FiR  filters  in  that  an  autor^resave  or  recursive  element 
is  added  to  the  equation.  An  IIR  filter  has  the  form 

-  .  (36) 

rf(«)  =  Z*-(")*("“'") 

where  (^(n)  and  h.(n)  are  the  filter  weighu  for  the  recursive  and  non-recursive  paru  of  the  IIR  filter 
re^iectivdy. 

hi  a  systems-identification  rra^caiion,  the  IIR  filter  wilt  be  beoer  aUe  to  identify  systems  that  are  inherently 
autoregressive.  In  addition,  uR  fillers  are  often  capable  of  siqierior  performance  with  fewer  filter  weighu  than 
HR  fillers.  Hiis  is  due  to  the  fact  that  the  IIR  filler  cm  generate  an  infinite  impulse  re^ionse  with  only  a  finite 
munber  of  filter  weights. 
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Feintuch  Algorithm 

The  Fnanich  algorithm  is  a  gradient  based  DR  approach.  It  is  analogous  to  the  FIR  LMS  algorithm  widi  the 
addition  of  a  lecuisiveelemenL  There  are  sqiarate  update  equations  for  the  lecurrive  and  non-tecursive  pans 

■j,(e-t-l)sa^(n)-<-oe(n)dj,(e)  (37) 

and 

bj,(ii-i-I)=:bj,(R)+ae(ii)x„(n)  (3*) 

The  ouqjut  equation  then  becomes 

d(»i)=c;(ii)d,{ii)+b;(«)x*(n) 

The  Feintuch  algwithm  relies  on  the  statistical  propenies  of  the  emr  signal.  Like  the  LMS  algorithm,  the 
instantaneous  enor  is  used  as  an  estimate  of  the  mean  squared  enor.  In  order  for  the  algorithm  to  converge,  the 
expeoed  value  of  the  etror  and  signal  tenns  must  be  zero.  Otherwise,  the  convergence  point  will  not  be  an 
acBial  minimum.  This  is  true  even  u  a  unique  minimum  esistt. 


The  recttisive  prediction  enor  (RP^  algorithm  m  also  a  gradient  based  DR  algorithm.  It  attempts  to  simplify  the 
mean  squared  etror  s(n).  Since  the  MSB  is  not  readily  available,  it  is  estimated  by  the  instatuaneous  squared 
effor  e*(fi).  The  RPE  algorithm  updates  the  weight  vector  in  the  direction  of  the  gradient  defined  by 


ediere  the  gradient  V,  X*) 


K"), 


V  ^n)  ^n)  M")  T 

^"LA^{«)*"*abw-,(«)’*fe('‘) . • 

Using  a  development  similar  to  that  of  the  recursive  least  squares  algorithm,  an  estimate  of  the  inverse  of  the 
autoconelation  matrix  it  calculated  bated  upon  the  previous  autocondation  matrix.  Defining  the  vector  p(n)  to 
be  the  combined  itqnu  and  ouqmt  vectors 

Xn) = (X«  - 1).  !).*(«) . *(»«  -*f+ I)f 

the  filter  weight  update  equation  becomes 

w^(ii)3w^(ii-l)-t-cdI''(ii)#(nM'i). 

One  of  the  problems  of  the  RPE  algorithm  is  that  the  recursive  part  of  the  filter  may  become  unstable  during 
adqiialion.  This  can  happen  if  one  of  the  poles  of  the  filter  moves  outside  the  stability  r^on  of  the  unit  dtcle 
(hinng  the  adipimion  neioes.  If  this  happens,  the  output  can  grow  without  bound.  TTwre  ate  various  methods 
for  detetmining  if  the  filter  is  unstable  (see  reference  3)  and  these  can  be  used  if  stability  becomes  a  problem. 


'  M")  T 
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ALGORTTHM  COMPLEXITY  COMPARISONS 

We  will  now  analyze  the  described  algorithms  for  complexity.  In  this  analyris.  the  order  is  the  number  of 
additions  and  multiplications.  Only  the  highest  order  term  is  indkaied  in  the  table.  It  diould  be  noted  that  these 
order  estimatBt  are  based  upon  die  pattkular  in^leroentaiiottt  of  the  algorithms  used  in  our  tests. 


Algorithm 

Order  of  Operations 

Least  Mean  Squares 

4N 

Recursive  Least  Squares 

n2 

Fast  Transversal  Filter 

«N 

7N 

FcattchOIR) 

3N 

Recuiiive  fteCction 
Enor  (DR) 

SN2 

ALGORITHM  EXECUTION  TIME  COMPARISONS 

In  this  section,  results  tie  provided  of  computer  simulations  of  the  various  algorithms  as  performed  by  the 
authors.  The  simulations  were  performed  on  Macintosh  computers  with  the  MatLab®  matrix  manipulation 
software.  The  algorithm  execution  time  comparisons  tabulated  below  are  intended  to  indicate  the  actual 
algorithm  prriormance  for  an  active  noise  cancellation  experiment  To  that  end,  the  time  to  convergence 
(relative  to  the  number  of  samples)  was  considered  as  well  as  the  required  execution  time  for  a  data  stream  of 
400  samples.  Each  algorithm  was  tested  on  a  time  delayed,  attenuated,  noise  corrupted  random(white)  signal. 
Thus,  the  system  could  be  almost  (except  for  additive  noise)  perfectly  identified  by  an  FIR  filter  of  sufficient 
length.  All  ^e  filters  simulated  had  20  filter  weights,  which  is  plenty  for  an  accurate  identification  of  the 
system. 


Figure  5.  RLS  algorithm  convergence. 


Samples 


Figure  7.  GNFTF  algorithms  convergence. 


2  Error  Signal  During  Adaptation  (RPE) 


Samples 


Figures.  Feintuch  algorithm  convergence.  Figure  9.  RPE  algorithm  convergence. 

Hgures  4  through  9  show  graphically  how  the  various  algorithms  converge  for  the  active  noise  control 
simulation.  In  our  tests,  the  recursive  least  squares  algorithm  converged  much  more  quickly  with  respect  to  the 
samples  than  the  otho*  algorithms.  The  recursive  predictitm  error  algorithms  was  the  slowest.  This  may  be  due 
to  the  fact  that  the  IIR  gradient  is  not  well-suited  to  modeling  simple  FIR  systems.  The  Feintuch  algorithm,  on 
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i  the  other  huid  performed  rather  well  using  an  UR  approach.  This  can  be  explained  by  the  fact  that  the  Feintuch 

I  algorithm  s^arates  the  recursive  and  non-recursive  parts  of  the  IIR  filter  and  solves  them  separately.  For  this 

I  experiment,  as  long  as  the  recursive  part  of  the  IIR  filter  converges  to  approximately  zero,  the  non-recursive  part 

I  will  handle  the  system  identification.  The  fast  transversal  filters  are  pertiaps  not  as  fast  as  their  name  would 

I  imply.  The  results  of  the  simulation  are  tabidated  below  in  table  2  for  comparison. 


Algorithm 

Number  of  Dau  Samples 
Before  Convergence 

Comparative  Execution 
Tune  Qn  seconds) 

Adjusted  Convergnrce 
Score  Gower  is  faster) 

Recursive  Rtediction 

Error  Filter  (HR) 

>400 

295.58 

>118232.00 

Fast  Transversal  Filter 

225 

24.52 

5517.00 

Gain-Normalized  Fast 
Transversal  Filter 

200 

18.57 

3714.00 

Recursive  Least  Squares 

50 

68.33 

3416.50 

Least  Mean  Squares 

150 

11.17 

1675.50 

Feintuch  Filter  (DR) 

150 

8.85 

1327J0 

(fastest) 

Table  2.  Execution  time  comparisons  for  the  algorithms  tested. 


i  As  a  better  indicator  of  the  performance  of  the  algorithms,  we  have  included  an  adjusted  convergence  score  for 

Sthe  algorithms  tested.  This  value  is  calculated  by  multiplying  the  number  of  data  samples  before  convergence 
by  the  comparative  execution  time  of  each  test  A  lower  score  indicates  a  faster  lime  for  convergence. 

!  As  can  be  seen,  the  best  convergence  score  was  achieved  by  the  Feintuch  (HR)  algorithm.  While  the  LMS 
algorithm  converged  as  quickly  with  respect  to  data  samples,  the  algorithmic  complexity  of  the  Feintuch 
algorithm  was  less.  The  RLS  algorithm  converged  very  quickly  with  respect  to  data  samples,  but  the  algorithm 
I  was  the  second  slowest  It  earned  the  third  lowest  convergence  score. 

I  The  slowest  algorithm  by  far  was  the  recursive  prediction  error  filter.  The  execution  time  was  particularly  slow 
I  because  it  requires  calculation  of  the  inverse  of  the  auioconrelation  matrix.  Additionally,  the  UR  gradient 

I  approach  for  Imth  the  recursive  and  non-recursive  parts  of  the  filter  was  not  well  suited  to  a  simple  non-recursive 

I  system.  The  RPE  algorithms  got  the  worst  score  in  both  speed  categories. 

i  The  fast  transversal  filters  were  not  as  fast  as  some  of  the  other  methods,  but  the  expected  improvement  in 

I  pwformance  was  observed  for  the  gain-normalized  FTF  over  the  regular  FTF  algorithm. 

I  It  should  be  noted  that  these  results  are  for  a  single  test  paradigm.  Different  input  signals,  systems  and  constants 

I  can  vary  the  performance  of  each  of  the  algorithms.  The  purpose  of  this  test,  however,  was  to  determine  the 

I  performance  of  various  adaptive  filter  algorithms  in  a  typical  active  noise  control  experiment. 
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CONSIDERATIONS  FOR  ADAPTIVE  HLTERS  IN  ACTIVE  NOISE  CONTROL 

There  are  several  factors  that  need  to  be  considered  when  implementing  an  adaptive  filter  in  an  active  noise 
control  application.  The  following  is  a  list  of  typical  tasks  required. 

•  Determine  a  model  for  the  active  noise  control  system.  A  signal  flow  diagram  can  be  useful  in 
identifying  the  operation  of  the  system  and  can  aid  in  the  selection  of  an  appropriate  algorithm. 

•  Choose  an  algorithm  that  matches  the  system  model/geomeirv.  Once  the  ^stem  has  been  identified, 
an  algorithm  must  be  selected  to  model  the  system.  If  the  system  is  recunive,  an  IIR  filtering  method 
should  probably  be  selected. 

•  Consider  the  data  rates,  signal  frequency  band  and  processor  speed.  The  convergence  score  tabulated 
above  is  a  good  measure  of  algorithm  performance  if  the  data  is  sampled  at  a  rate  just  slow  enough 
that  the  algorithmic  calculations  can  be  performed  between  sample  times.  If  there  is  plenty  of  time 
for  the  algorithm  to  execute  between  samples,  perhaps  a  filter  should  be  selected  which  has  higher 
compilexity  but  quicker  convergence  with  respect  to  the  samples. 

•  Consider  parallelism  and  modularity  issues.  In  most  active  noise  control  applications,  a  single  filter 
does  not  provide  satisfactory  performance.  Usually  several  canceling  sources  and  microphones  are 
necessary.  This  may  require  independent  filters  or  an  algorithm  capable  of  reducing  an  ensemble 
averaged  error  for  several  microphones. 

•  Determine  the  target  architecture.  Adaptive  digital  filters  can  be  implemented  with  general  purpose 
computers,  but  often  this  is  overkill.  Reasonably  simple  specialize  circuits  can  be  developed  to 
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provide  cheeper  and  more  modular  solutions.  Digital  signal  processing  (DSP)  chips  can  be  used  to 
improve  speed  performance  of  the  algorithms. 

•  Select  the  transducers.  Transducers  need  to  be  selected  which  are  capable  of  providing  the  required 
performance.  While  adiptive  filters  can  compensate  for  deficiencies  in  the  transducers,  the  more 
accurate  the  transducer  the  better  the  system  will  work. 

CONCLUDINO  COMMENTS 

The  research  and  experimoits  described  in  this  paper  were  done  in  order  to  determine  which  algorithms  perform 
well  in  an  active  noise  control  application.  We  considered  a  system  identification  model  of  a  delayed, 
attenuated,  and  noise-corrupted  signal.  All  the  algorithms  tested  were  capable  of  performing  the  task,  but  the 
best  algorithm  in  terms  of  time  to  convergence  was  the  Feintuch  DR  algorithm.  This  is  encouraging  because  the 
nR  method  also  handles  recursive  systems. 

We  considered  only  six  adaptive  filter  algorithms  in  this  paper.  There  are  many  more.  One  significant  class  of 
filters,  adaptive  lattice  filters,  was  not  investigated  due  to  time  and  paper  length  constraints.  Reference  1 
contains  the  development  of  some  of  these  algorithms.  Neural  networks,  which  are  essentially  parallel  and 
highly  interconnectM  adaptive  filters,  have  also  been  used  in  active  noise  control  applications.  Adaptive  filters 
and  active  noise  control  continue  to  be  very  active  areas  of  research. 

We  intend  to  continue  the  investigation  of  adaptive  filtoing  algorithms  in  active  noise  control  applications.  We 
are  currently  testing  the  algorithms  in  experimoits  with  various  configurations  of  noise  sources  and  microphones 
and  will  re{Mrt  on  our  findings  when  more  quantitative  results  are  available. 
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ABSTOACT 

A  study  was  conducted  on  the  effect  of  changing  the  length  of  a  constant  diameter  circular  cylinder  on  the  discrete 
tone  sound  associated  with  its  vortex  shedding.  A  microphone,  fitted  with  a  nose  cone,  was  used  to  measure  the 
near  field  sound.  Two  cylinder  ctmTigurations  were  used.  In  the  first  configuration,  the  cylinder  was  anchored 
fiom  the  test  section  floor..  The  cylinder  length  was  changed  by  pushing  the  antenna  up  through  an  opening  in  the 
test  section  floor  and  then  secure  The  microphone  remained  fixed  in  the  mid-plane  of  the  test  section.  In  the 
second  configuration,  the  cylinder  was  suspended  by  two  helically  wrapped  welding  rods  that  kept  the  cylinder 
centered  between  upper  and  lower  walls.  The  microphone  in  this  case  was  always  located  in  the  plane  bisecting 
the  cylinder.  These  measurements  were  made  in  an  acoustically  treated  test  section  of  a  closed-loop  wind  tunnel. 
All  measurements  were  made  at  a  flow  speed  of  33.53  m/sec  (75  miles/hour).  It  is  shown  that,  the  noise 
produced  by  the  vortex  shedding  behind  a  cylinder  first  increases  with  length,  and  then  reaches  a  fixed  value  at 

about  length  over  diameter  (L/D)  s  64. 


NOMENCLATURE 

Co  Ambient  Speed  of  Sound 

C|  Root-Mean-Square  Sectional  Lift  Coefficient 

D  Cylinder  Diameter 

f  Fluency 

I  Intensity  of  the  Far  Field  Radiation 

L  Cylinder  Length 

L/D  Non-Dimensional  Length 

•• 

Ic  Correlation  Length  (■  2  jR(^)d^) 

r  Microphone  Distance  fim  Cylinder  Axis 

tJD  Non-tumensionalMkrophone  Distance 

R(^)  Spatial  Cbtrelation  Coefficient 

SPL  Sound  Pressure  Level 

St  Strouhal  Number  (a  fDAI) 

U  Free  stream  Velocity 
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Y  Conclation  Centroid  (s  ^  j4R(^)d4) 

p  Density 

6  Angle  Measured  from  the  Flow  Direcdon  in  die  Plane  Namal  to  the  Cylinder  Axis 
ENTRODUCnON 

Much  of  the  published  researeh  on  the  effects  of  vortex  shedding  from  a  constant  diameter  circular  cylinder  has 
been  for  the  far  field,  where  the  microphone  distance  is  much  larger  than  the  cylinder  length.  There  exist  a 
number  of  published  theoretical  and  experimental  studies  on  this  topic.  A  summary,  given  by  Blevins  [1]  is 
particularly  noteworthy.  One  of  the  theoretical  models  mentioned  by  Blevins  gives  meaningful  insight  to  the 
experimental  data  in  the  far  field  and  can  be  used  K>  preset  sound  pressure  levels  given  cylinder  geometiy,  flow 
parameters,  and  empirical  data.  However,  there  are  situations  where  the  vortex  shedding  noise  needs  to  be 
quantified  in  the  near  field.  Automobile  roof  rack  or  antenna  noise  affecting  the  passengers  are  two  examples  of 
near  field  vortex  shedding  noise. 

This  paper  is  an  attempt  to  examine  the  dependence  of  near  field  noise  associated  with  the  vortex  shedding  from  a 
cylinder  on  its  length.  Noise  data  taken  from  cylinders  of  various  lengths  and  at  various  microphone  distances  are 
presented. 

DESCRIPTION  OF  THE  EXPERIMENT 

ITwfapmiiKntalAtimmncnt 

These  expmments  were  conducted  in  a  closed-loop  wind  tunnel  at  the  Georgia  Tech  Research  Institute.  The  test 
section  is  lined  with  10.16-cm  (4-inch)  thick  polyurethane  sound-absorbing  foam  and  has  the  inner  dimensions  of 
0.762  X  0.762  x  2.438  m  (30  x  30  x  96  inches).  The  test  section  is  shared  by  a  cuttout  section  of  a  Mercui^  Sable 
automobile,  which  occupies  the  left  half  (with  respect  to  tiie  direction  of  the  flow),  and  the  cylinder,  occupjnng  the 
right  half  (see  Figure  1).  The  cut-out  extends  at  most  31.75  cm  (12-1/2  inches)  into  the  tunnel  at  the  cross-section 
containing  the  axis  of  the  cylinder.  The  cylinder  was  placed  at  19.05  cm  (7-1/2  inches)  from  the  right  wall  and 
was  held  in  place  by  mounts  outside  the  test  section.  A  Btuel  and  Kjaer  condenser  miciophone  (type  4135),  fitted 
with  a  nose  cone,  was  mounted  in  die  mid-plane  of  die  tunnel  (indicated  in  Fi^re  1),  between  the  cylinder  and  the 
light  hand  side  wall.  The  noise  levels  at  the  miciophone  location  (with  the  cylinder  removed)  with  and  without  the 
cut-out  were  the  same  and  the  discrete  tone  sound  pressure  levels  (SPL's)  associated  with  the  vonex  shedding 
were  dominant  and  not  affected  t>y  any  noise  produce  by  die  cut-out  in  the  test  section.  The  cut-out  was  present 
for  all  measurements.  The  miciophone  signals  were  recoided  on  a  TEAC  W-410  2-channel  cassette  tape  recorder 
and  analy:.ed  on  a  Macintosh  Ilex,  with  a  i  :al  time  digital  signal  proce.ssor  installed,  from  which  plots  were 
obtained  (see  Figure  2).  The  signal  processing  parameters  were  set  so  Af  =  15.625  Hz  (where  Af  is  the  difference 
between  two  consecutive  frequencies  of  the  Fast  Fourier  Tiansform). 

Cyliodff  Tea  Ananggihcnts 

Two  cylinder  amngements  were  used,  referred  to  here  as  Airangements  A  and  B,  and  are  shown  in  Figures  3  and 
4,  respectively. 

Affanetmcnt  A.  in  this  arrangement,  a  4.763  mm  (3/16  inch)  diameter  cylinder  was  used.  The  cylinder 
was  anchored  from  the  test  section  floor  and  held  tighdv  by  a  0.3969  mm  (1/64  inch)  diameter  cable  connected  to 
the  test  section  ceiling  (see  Fgure  3).  The  tone  associated  with  the  cable  used  produced  a  much  higher  firauency 
than  that  by  the  cylinder  and  also  had  a  much  lower  amplitude  because  of  its  snuill  diameter. 

In  the  course  of  the  experiment,  the  cylinder  was  set  to  the  proper  length,  mounted  to  the  floor,  and  tightened  by 
the  Mtached  cable.  The  miciophone  boom,  which  was  mounted  through  the  side  of  the  test  section,  was 
positioned  so  that  it  was  in  the  mid-plane  of  the  wind  tunnel  test  section.  Thus  in  tiiis  case,  even  though  the 
cylinder  length  was  changed,  the  location  of  the  observer,  i.e.,  the  microphone,  remained  fixed.  This  test 
configuration  simulated  a  situation  where  the  driver  of  an  automobile  is  fixed  in  space,  and  the  antenna  length 
above  the  antenna/car  body  junction  is  increased. 

Arrangement  B.  In  Arrangement  B,  a  6.35  mm  (1/4  inch)  diameter  cylinder  was  used  (see  Figures  4  a  and 
b).  The  cylinder  was  mounted  in  the  mid-plane  between  the  ceiling  and  floor  of  the  test  section  two  spiral- 
wrapped  welding  rods.  As  shown  in  Figure  5,  The  cylinder  consisted  of  several  smaller  length  segments  that 
were  joined  by  small  threaded  rods.  Each  cylinder  segment  was  bored  and  threaded  along  the  axis  on  both  ends 
so  that  the  thieved  rod  could  be  completely  enclosed  between  the  two  joined  segmenu.  The  welding  rods  had  a 
3. 175  mm  (1/8  inch)  diameter  and  were  also  threaded  to  fit  into  the  cylinder  and  hold  it  securely.  The  pan  of  each 
welding  rod  that  was  exposed  to  the  flow  was  wrapped  with  0.7938  mm  (1/32  inch)  diameter  wire  with  2.54  cm 
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span  per  turn  (1  inch  per  turn).  The  puipose  of  wrapping  the  welding  rods  helically  with  wire  was  to  destroy  the 
coherence  of  vortex  shedding  over  the  rod  and  reduce  the  discrete  tone  noise  produced  by  the  rod  so  that  only  the 
noise  produced  by  the  main  cylinder  would  be  measured. 

The  Experimental  Program  .  ^  j  c  •.  .i.. 

At  the  beginning  and  end  of  a  set  of  test  runs,  a  microphone  signal  calibration  was  performed.  For  each  pjn,  tne 
cylinder  length  and  the  microphtme  position  were  appropriately  set,  the  flow  was  set  to  33.53  meters/second  (75 
miles/hour),  and  the  narrow  band  sound  pressure  levels  obtained.  A  typical  measured  spectrum  is  presented  in 
Figure  6.  From  the  spectra  obtained,  the  frequency  and  amplitude  for  the  vortex  shedding  sound  for  each  test 
cylinder  were  tabulated.  Table  1  contains  some  of  the  test  data  from  Arrangement  B,  where  s  cylinder  length 
and  microphone  distance  from  the  axis  were  varied.  The  discrete  tones  corresponded  to  an  average  Strouhal 
numbtt,  St  =  0.2. 

RF.SIILTS 

It  should  be  pointed  out  before  presenting  these  results  that  we  were  unable  to  locate  literahire  on  that  detailed  the 
near  field  noise  data  from  cylinders  in  flow.  A  number  of  interesting  results  were  obtained  in  our  smdy.  These 
results  are  presented  below  under  two  categories:  (1)  The  Effect  of  Cylinder  Length  and  (2)  The  Effect  of 
Microphone  Distance  in  the  Near  Field. 


The  effects  are  described  first  for  the  microphone  fixed  in  space  with  respect  to  the  base  of  the  cylinder  and  the 
cylinder  length  increasing  ( i.e..  Arrangement  A).  Then,  the  efiects  for  the  microphone  always  located  in  a  plane 
tweeting  the  cylinder  (i.e.,  Arrangement  B)  are  described 

Effects  of  Cylinder  Length  on  Near  Field  Noise  With  Microphone  at  a  fixed  Distance  with 
Respect  to  the  Base  of  the  Cylinder  (Arrangement  A) 

In  this  arrangement,  the  microphtme  was  kept  in  the  mid-plane  <.  i'  the  wind  tunnel  test  section  (a  distance  of  8 1 
diameters  from  the  base  of  the  cylinder)  and  the  cylinder  was  pushed  up  through  the  bonom  of  the  test  section  to 
the  desired  length  and  then  sect^.  The  results,  plotted  in  Figure  7,  show  that  the  SPL  increases  about  25  dB 
between  L/D  of  27  and  1 17,  and  then  levels  off  to  a  constant  value  within  a  measurement  accuracy  of  +/~  1  dB  for 
larger  non-dimensional  len^s. 

Effects  of  Cylinder  Length  on  Near  Field  Noise  With  Microphone  at  a  fixed  Distance  with 
Respect  to  the  Center  of  the  Cylinder  (Arrangement  B) 

In  this  arrangement,  the  microphone  received  noise  contribution  from  the  cylinder  portion  above  and  below  the 
mid-plane,  unlike  Arrangement  A,  where  a  contribution  from  above  the  mid-plane  was  not  always  present.  As  in 
Arrangement  A,  the  noise  in  Arrangement  B  first  increased  with  increasing  cylinder  length,  but  after  L/D  greater 
than  64,  the  noise  leveled  off  to  a  constant  value.  This  is  shown  in  Figure  8.  A  further  comparison  is  made  in 
Figure  9  for  the  SPL's  produced  by  the  two  cylinder  arrangements.  It  is  found  that  for  the  same  cylinder  length,  a 
maximum,  constant  is  obtained  if  the  micrc^hone  is  in  the  plane  bisecting  the  cylinder.  This  constant  value 
was  only  a  few  dB  hi|^er  than  that  reached  by  the  Arrangement  A. 
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The  equation  for  noise  fiom  a  cylinder  in  the  far  field  as  given  by  Leehey  and  Hanson  [2]  is  as  foUows: 


i  cos^  6  Ci^ 
16  Co3  r2 
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It  is  seen  from  this  ^nation  that  the  noise  from  a  cylinder  in  the  flow  should  increase  with  increasing  cylinder 
length.  Indeed,  this  is  also  observed  in  the  near  field.  The  equation  contains  a  correlation  length,  Ic,  and  the  term 
y,  which  is  the  correlation  centroid  of  the  cylinder.  For  the  Reynolds  number  used  in  the  tests  (about  10^),  this 
value  is  estimated,  from  the  data  in  Reference  [2],  to  be  2.5  cylinder  diameters.  To  examine  if  our  data  of  SPL 
variation  with  L/D  (at  least  up  to  the  value  ofl/D  after  which  there  was  little  change  in  noise  radiation)  followed 
this  relationship,  the  data  at  r/D  -  14  was  replotted  as  a  function  of  10  Log[(L  -  y)fD]  in  Figure  10.  For 
comparison,  the  plots  of  SPL  versus  10  Log(L/  D)  are  also  superimposed  on  this  figure.  If  the  above  equation 
holds  good  in  the  near  field,  a  t\OM  of  1  is  expwted  in  the  plot  shown  in  figure  10  after  accounting  for  the 
correlation  centroid.  The  slope  is  found  to  be  1.85.  Thus,  it  appears  that  the  equation  derived  for  the  near  field 
needs  to  be  modified  for  application  to  the  near  field.  Additioiw  on-going  work  at  Georgia  Tech  by  the  authors  is 
expected  to  shed  further  light  on  this  topic  in  the  near  future. 


'Hie.Effect  of  Microphone  Distance  in  the  Near  Field 

After  acquiring  the  data  shown  above,  which  were  acquired  at  a  microphone  distance  of  r/D  =  14,  additional  data 
were  acquired  at  six  distances,  which  are  r/D  =  27, 23, 19,  IS,  1 1,  and  7.  For  each  r/D,  six  cylinder  lengths 
were  tested.  These  cylinder  lengths  were:  L/D  =  8, 16, 28, 40, 64,  and  120.  In  each  case,  the  cylinder  diameter 
was  constant  and  was  equal  to  6.35  mm  (1/4  inch).  For  each  L/D,  the  plots  of  SPL  versus  10  Log(L/D)  were 
examined  to  study  if  the  trend  seen  in  the  last  three  figures  was  obtained  at  all  microphone  distances.  Typical 
results  are  shown  fw  r/D  »  27, 23, 19,  and  1 1  in  figures  1 1  (a)  through  (d),  respectively.  In  each  plot,  the  data 
for  r/D  =  15  are  also  superimposed.  (Note  that  this  is  close  to  the  distance  for  which  data  shown  in  Figures  7 
through  9  were  acquired  The  reference  dau't  for  r/D  =  15  is  used  here  only  for  convenience.  These  data  were 
acquit  and  analyzed  along  with  the  data  for  all  ^e  other  distances  mentioned  above.  Also,  these  data  are  very 
similar  to  those  olMained  at  r/D  =  14.) 

It  is  seen  in  these  plots  that  at  each  r/D,  the  variation  with  L/D  is  almost  identical.  It  is  also  noticed  that  it  is  not 
until  r/D  =  15  (10  Log(r/D)  =11)  that  the  noise  levels  are  found  to  increase  with  decreasing  distance  from  the 
cylinder.  As  shown  later,  it  is  likely  that  the  data  at  the  higher  values  of  r/D  is  contaminated  by  reflections  from 
the  wind  tunnel  wall.  As  shown  in  Hgure  12,  where  the  data  for  r/D = 7  arc  compared  with  those  for  r/D  =  15,  as 
one  gets  closer  to  the  cylinder,  a  definite  increase  in  the  noise  levels  is  seen.  Here  the  noise  has  increased  by  as 
much  as  10  dB  for  each  cylindn  lengtii. 

To  examine  the  distance  scaling  in  the  near  field,  the  sound  pressure  levels  correspondirg  to  the  voitex  shedding 
tones  were  plotted  as  a  function  of  10  Log(r/D)  for  each  cylinder.  This  is  shown  in  Figures  13  (a)  through  (f)  for 
L/D  s  8, 16, 28, 40, 64,  and  120,  respectively.  The  slopes  of  the  distance  scaling  for  tiie  SPL  are  approximately 
•l8,  >3.5,  >3.3,  -2.8,  -2.9,  and  *1.8  for  the  non-dimensional  lengths  of  L/D  =  8,  16,  28,  40,  64,  and  120, 
resp^vely. 


It  is  noticed  that  in  each  plot  of  Figure  1 3,  the  slope  starts  to  rise  at  r/D  s  19.  This  increase  in  slope  for  r/D  greater 
than  19  could  be  due  to  the  proximity  of  the  microphone  to  the  test  section  wall.  Although  the  wall  is  lined  with 
foam,  there  was  a  patch  of  tape  over  the  foam  near  the  microphone  in  this  position.  The  tape  was  used  to  cover 
cavities  in  the  wall  fiom  otiier  unrelated  tests.  In  these  tests,  the  further  the  micrq}hone  was  nom  the  cylinder,  the 
closer  it  was  to  the  patch  of  uqie.  The  most  extreme  case  was  at  the  r/D  =  27,  where  the  microphone  was  only  4 
diameters  away  from  the  tape. 

In  the  far  field,  Eq.  (1)  predicts  that  the  SPL  versus  10  Log(r/D)  curve  should  have  a  slope  of  m  =  -2  .  The 
results  of  Ingure  13  show  that  for  r/D  less  than  or  equal  to  19,  this  value  of  m  is  approachtxl  in  the  near  field  for 
the  larger  cylinder  lengths.  This  is  rather  surprising  and  no  explanation  is  available  as  to  why  diis  should  be  so  in 
the  near  field.  Values  closer  to  -4  are  expectra  in  Ae  near  freld,  which  are  obtained  in  the  present  experiment  for 
the  sriullest  value  of  L/D  tested.  A  simple  formulation  for  the  near  field  noise  as  a  function  of  cylinder  length  is 
needed.  This  formulation  must  account  for  the  voitex  shedding  coherence  and  the  fact  that  for  smaller  cylinders, 
the  coherence  this  shedding  will  be  substantially  modified  by  the  end  effects. 

CONCLUDINO  COMMENTS 

These  results  of  near  field  noise  from  the  cylinder  have  two  very  important  piactical  implications.  The  results  of 
the  first  test  with  Arrangement  A  in^ly  that  for  a  fixed  relative  location  between  an  observer  and  the  base  of  the 
antenna,  as  is  the  case  between  a  radio  antenna  of  a  car  and  the  driver,  the  mnse  levels  can  be  reduced  by  as  much 
as  20  dB  bv  reducing  the  antenna  length  from  L/D  s  120  to  75.  It  also  implies  that  once  a  critical  length  is 
exceeded,  if  the  reception  performance  of  a  radio  antenna  is  enhanced  tw  increasing  the  antenna  length,  one  can 
safely  increase  the  antenna  length  without  increasing  the  acoustical  noise  further. 

The  implications  of  the  results  of  the  second  test  with  Arrangement  B  relate  to  the  wind  tunnel  testing  of  the 
ranking  of  the  acoustic  performance  of  various  antennas  or  other  cylindrical  bodies.  Often  wind  tunnels  available 
to  a  number  of  researchers  are  not  large  enough  to  make  acoustic  measurements  in  the  far  field.  In  fact,  most 
wind  tunnels  are  too  small  even  for  adequate  neai  field  acoustic  measurements.  Sometimes  it  is  desirable  to  make 
measurements  in  the  wind  tunnel  at  as  few  locations  as  ]to$sible  to  obtain  the  most  lepresenutive  data.  For 
example,  the  second  author  had  the  opportunity  of  conducting  a  cmnparati  ve  acoustic  evduation  of  a  number  of 
cellular  telqrhone  antennas  which  varied  in  len^  by  at  least  a  factor  of  three.  The  first  question  in  a  situation  like 
this  that  comes  to  mind  is:  where  should  the  microphone  be  placed  in  the  test  section  with  respect  to  the  antenna 
center  so  that  a  reasonably  good  estimate  of  the  relative  acoustic  performance  of  antennas  of  different  lengths 
could  be  obtained  without  acquiring  an  inordinate  amount  of  acoustic  data  or  v/ithout  resorting  to  complex  acoustic 
power  measurements?  Gearly,  as  shown  in  Figure  9,  it  would  be  desirable  to  keep  the  microphone  in  a  plane 
passing  through  the  center  of  the  antennas  to  determine  the  highest  levels  producra  by  a  given  cylinder.  It  is 
nmher  demonstrated  in  Hgure  9  that  during  a  noise  ranking  exercise,  the  maximum  noise  produced  by  an  antenna 
can  easily  be  misrepresent^  if  the  micrqrhone  is  not  placed  in  the  plane  passing  through  the  center  of  the  antenna. 
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Figure  1  -Cross  sectional  view  of  the  test  section  at  the  cylinder  axis. 
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Figure  2  -Acoustic  data  acquisition  and  analysis  set  up. 


Figure  3  -Cylinder  used  in  Anangcmem  A. 


Figure  4  -Test  section:  (a)  view  from  the  flow  direction,  (b)  side  view 


FigureS-Cylindersegn^nt,  used  in  Anange-TKntBto  increase  total  cyl^^^ 
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Figure  7  -Vortex  shedding  tone  anqrlitude  increases  with  cylinder  length  for  microphone  fixed  with  respect  to  the 
cylinder  base.  (D  =  0.187S  indies,  t/D  » 14.  U  »  75  miles/hour.  Arrangement  A) 


Figure  8  -Effect  of  cylinder  length  on  vortex  shading  tone  amplitude.  (r/D  =  14,  U  =  75  miles/hour. 
Arrangement  B) 


ngure  9  -Voticx  sheddine  lone  amplitude  comparison  for  Arrangements  A  and  B.  (D = 0.1875  inches,  r/D  =  14, 
U  -  75  miles/hoiir) 


■OIlKO 

Rgure  10 -The  effect  ofuiing  the  qrpronmaie  correlation  centroid  in  rqiresenting  the  cyliiida’ length  scale,  (ya 

2.5  D.U«  75  miles/hour) 
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IHgure  1 1  --Effect  of  cylinder  length  on  vwtex  shedding  tone  amplitude.  r/D:  (a)  27,  (b)  23,  (c)  19,  (d)  1 1 


Figure  12  -  Tone  amplitudes  at  r/D  =  7  versus  those  at  r/D  =  15. 
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Figure  13  -Vortex  shedding  tone  amplitude  variation  with  microphone  distance.  L/D:  (a)  8,  (b)  16,  (c)  28,  (d) 
40,  (e)  64,  (0  120. 
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ABSTRACT 


A  plane  acoustic  wave  incident  on  a  spatially  homogeneous  elastic  surface 
reflects  as  a  specular  wave.  When  the  surface  properties  vary,  i.e.  the  surface  is 
spatially  inhomogeneous,  the  reflected  wave  is  no  longer  specular.  This  work 
systematically  examines  how  the  spatial  scales  of  the  surface  impedance 
inhomogeneity  determine  the  wavenumber-frequency  <  haracteristics.  and  hence 
the  directivity-frequency  magnitude  of  the  scatter^  field.  Both  the  surface 
wave  field  and  scattered  sound  Held  are  examined,  the  latter  being  derived 
from  the  former.  Using  three  dimensional  or  color  displays  of  the  wavenumber- 
frequency  spectra  or  angle-frequency  magnitudes  of  the  surface  and  scattered 
fields  resulting  from  various  classes  of  inhomogeneities,  we  show  how  the 
inhomogeneities  affect  the  wave  flelds  by  introducing  resonance  and  aliasing 
effects.  The  resonance  effects  manifest  thetiuelves  as  a  modulation  in 
frequency  while  the  aliasing  effects  are  revealed  through  angular  modulation. 
Depending  on  the  ratios  of  the  ensonifying  wavelength  and  the  scales  of  the 
surface  impedance,  the  surface  may  appear  to  be  acoustically  ’smooth*  with 
little  spectral  broadening  or  acoustically  ’rough"  with  significant  spectral 
broadening.  We  also  examine  the  conditions  under  which  a  finite  length 
inhomogeneity  can  be  modelled  as  an  infinite  system  of  periodically  spaced 
similar  inhomogeneities. 

INTRODUCTKW 


In  certain  classes  of  inverse  problems  in  structural  acoustics,  we  are 
concerned  with  the  interpretation  of  scattered  acoustic  transients  in  order  to 
both  localize  and  identify  the  mechanisms  of  the  individually  contributing 
components  of  complex  scattering  flelds.  When  the  structure  is  spatially  non- 
homogeneous,  the  reflected  waves  are  nonspecular  because  of  wave  vector 
redirection  (conversion)  of  both  pressure  and  velocity  waves  induced  on  the 
surface;  these  redirected  waves  thus  control  much  of  the  directivity-frequency 
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characteristics  of  the  scattered  field.  In  complex  structures,  multiple  scattering 
mechanisms  and  scattering  sites  co-exist  so  that  the  resulting  scattered  fields 
are  determined  by  a  superposition  of  these  mechanisms.  The  role  of  the 
inversion  technique  is,  therefore,  to  unravel  this  superposition  thus  allowing  a 
physically  meaningful  diagnosis  of  the  body.  Not  only  does  the  inversion 
process  hive  obvious  application  in  the  location  and  classification  of  acoustically 
significant  structures,  but  it  can  also  provide  insight  into  the  scattering 
performance  of  engineering  designs.  It  is  also  useful  to  the  design  of  post¬ 
processing  schemes  for  the  analysis  of  large  scale  computed  acoustic  response  of 
complex  structures. 

We  concern  ourselves  here  with  the  physical  interpretation  of  scattered 
sound  rather  than  the  mathematical  analysis  of  the  formal  inverse  problem. 
Signal  processing  techniques  provide  very  indispensable  tools  for  this 
interpretation  because  both  spatial  and  temporal  processing  may  be  used  to 
elucidate  wave-like  behavior  in  both  the  surface  motion  of  the  structure  and 
pressures  reradiated  to  the  exterior  acoustic  medium.  Since  signal  processing 
algorithms  are  analytically  defined  operations,  signal  patterns  resulting  from 
isolated  structural  acoustic  mechanisms  may  be  illustrated  clearly  by  simulation. 
Furthermore,  broad  band  transient  response  of  the  simulated  mechanism 
associated  with  short  pulse  acoustic  ensonification  is  especially  useful  in 
providing  multipath  separation  of  identified  reflection  events.  In  the  present 
context,  then,  the  simulations  are  made  by  revisiting  certain  classical  problems 
for  which  known  solutions  are  available.  Superposition  of  these  mechanisms  is 
then  made  for  hypothesized  structural  complexes,  the  simulated  signal  behavior 
may  then  be  compared  with  identically-conducted  physical  experiments.  The 
simulations,  actually,  are  useful  on  various  levels.  They  allow  us  to  separate  the 
component  "events"  in  a  given  complex  of  superimposed  mechanisms;  they  allow 
us  to  understand,  in  a  detailed  way  how  specific  features  of  spatial 
inhomogeneity  influence  (or  control)  the  wave  conversion  process.  Furthermore, 
they  can  be  used  to  design  the  signal  processing  algorithm  that  best  adapts  to 
the  situation  under  study. 

The  objective  of  the  paper,  for  which  a  ;ynopsis  is  given  here,  is  to 
describe  the  results  of  analytic  simulations  that  are  currently  forming  the  basis 
of  experimental  work. 

SIMPLE  MECHANISM  REPRESENTATIONS 

Inhomogeneities  in  the  surface  properties  of  a  scattering  body  may  occur 
in  the  form  of  geometric  or  elastic  features.  In  either  case,  the  interaction  of  the 
surface  initially  involves  a  space-time  filtering  of  the  incident  pressure; 
assumed  to  be  plane  wave  prior  to  interaction  with  the  body  but  generating  a 
surface  pressure  field  that  is  wave-vector  distorted  due  to  the  shaping  of  the 
body.  Motion  of  the  surface  involves  further  filtering,  but  now  made  more 
complex  by  the  propagation  of  acoustically  coupled  elastic  waves  which  also 
undergo  a  series  of  wave-vector  distortions  due  to  unique  shape  and  orientation 
of  surface  impedance  variations  on  the  surface.  The  simulations  carefully 
examine  how  the  surface  wave  field  that  controls  reradiation  is  affected  by 
various  classes  of  surface  impedance  inhomogeneity. 
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In  order  to  focus  this  paper  to  illustrate  some  generally  relevant  points  on 
the  behavior  of  single  structural  elements,  we  revisit  the  example  problem  of 
the  scattering  from  a  plate  window  in  an  otherwise  rigid  plane.  Ensonification 
by  plane  waves  parallel  to  one  of  the  generating  axes  of  the  window  allows  us  to 
consider  this  problem  as  a  one  dimensional  plate-like  strip.  This  problem 
relates  to  more  general  problems,  such  as  that  of  an  elastic  plate  with  repeated 
line  discontinuities,  in  illustrating  the  separate  influences  of  resonances  and 
wave  vector  aliasing  that  is  characten.  dc  of  such  systems. 

By  using  the  Fourier  transformation  technique  in  space  and  time  we  can 
simultaneously  solve  the  Bernoulli-Euler  plate  and  acoustic  wave  equations  for 
the  acoustic  response  of  the  resonant  modes  of  the  plate  [1].  The  resulting 
velocity  of  the  plate  is  then  expressed  as  a  summation  over  its  invacuo  modes 
with  simply  supported  edges.  This  is  a  particularly  convenient  form  for 
interpretation  because  the  response  of  each  mode  is  expressed  as  a  product  of 
spectral  functions  in  frequency  and  wave  number.  The  impedance  function  of 
the  surface  controls  resonances;  the  modal  shape  function  (in  this  case  the  modal 
shape  function  is  the  Fourier  transform  of  the  mode  shape)  expresses  the  effect 
of  finite  boundary  in  determining  the  aliasing  behavior.  This  clearly  identifies 
the  resonant  behavior  of  the  modes  in  the  plate  window  distinctly  from  the 
spatial  aliasing  characteristics  of  the  mode  shape  of  the  window.  The  resonance 
behavior  is  natural  to  the  strip  and  the  frequencies  of  resonance  are  not 
dependent  on  the  incidence  angle  of  the  sound.  The  resonant  response, 
however,  is  determined  by  the  trace  matching  of  the  incident  wave  with  the 
characteristic  wave  number  of  the  surface  and  coincidence  with  a  plate  wave 
number  at  a  resonant  frequency  can  occur.  The  resonant  response  of  the  strip  is 
relatively  weakly  dependent  on  the  incidence  angle  of  the  sound  except  near  the 
coincident  resonant  frequencies.  The  wave  vector  filtering  of  the  mode  shape  is 
more  strongly  dependent  on  the  angle  of  incidence  and,  accordingly,  dominates 
the  angular  dependence  of  the  nonspecularly  reflected  sound  because  it 
describes  the  interference  of  edge  sources. 

These  features  are  clearly  shewn  in  three  dimensional  presentations  of  the 
angle-frequency  or  wave  number-frequency  spectra  of  plate  response  using 
color  as  'he  third  dimension  to  display  amplitude.  The  frequency-angle  polar 
pattern  of  scattered  far  field  pressure  is  thus  determined  by  three  intersecting 
frequency-wave  number  characteristics  as  determined  by  the  pattern  of 
allowed  resonances,  the  dispersion  characteristics  of  the  plate,  and  the  aliasing 
lobes  of  the  mode  shape  function.  The  intersections  of  these  characteristic 
trajectories  describe  the  net  pattern  in  frequency- wave  number  of  peaks  in  the 
system  response.  Ihese  loci,  then  determine  the  frequency-angle  i-a'tern  of  the 
scattered  sound  through  trace  wave  matching. 

FEATURES  IN  THE  TIME  DOMAIN  AND  LOCALIZATION 

Inverse  Fourier  transformation  of  the  frequency-angle  results  can  be  used 
to  dtKclose  certain  patho'ogical  features  of  reflected  transient  wave  forms.  We 
consider  the  oases  of  equal  incidence  and  reflection  angles  and  develop  a  finely 
populated  array  in  frequency-angle  over  which  one  and  two  dimensional 
Fourier  transform  inv'ersion  is  possible.  Inverse  transformation  in  frequency  of 
the  pulsed  reflections  from  the  window  at  a  giten  incidcnce/reflection  angle. 
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assuming  a  band-limited  ensonification  pulse,  gives  time  histories  of  received 
pulses.  If  we  display  these  temporal  responses  in  an  angle-time  relationship 
with  amplitude  described  by  color,  we  can  view  the  characteristic  behavior  of 
the  surface  as  a  function  of  trace  wave  matching.  The  characteristics  have 
identifiable  angle-time  patterns  that  depend  on  the  relationships  between 
spatial  scales  of  discontinuities  of  the  surface  compared  with  the  wave  length  of 
incident  sound,  and  the  existence  of  resonance  or  of  acoustic  coincidence  within 
the  range  of  angle-frequency.  Thus  the  angle-time  domain  behavior  patterns 
disclose  the  characteristic  resonance  and  multipath  features  of  the  target, 
existence  of  critical  coincidence  angles.  By  systematically  shifting  the  center 
frequency  of  the  incident  pulse,  the  resulting  series  of  angle-time  patterns  can 
be  developed  to  permit  the  tracking  of  acoustic  coincidence  behavior  that  may 
be  distinct  from  localized  response  resonances  in  the  structure. 

The  second  inverse  transformation  of  the  measurement  arrays,  now  taken 
over  specific  angle  apertures,  allows  a  localization  of  the  scattering  origins  along 
a  coordinate  that  it  perpendicular  to  the  line  of  sight  within  the  angular 
aperture  from  the  source  to  the  scattering  structure.  This  coordinate  is  called 
the  cross  range.  The  result  of  this  transformation  now  yields  a  spatial 
distribution  of  the  reflected  signals  at  specific  times  and  the  display  in  cross 
range  and  time  may  be  interpreted  as  a  spatial  resolution  of  the  reflectivity  of 
the  surface.  The  method  is  bonowed  from  the  radar  technique  [2,3].  Thus,  the 
two  dimensionally  transformed  angle-frequency  pattern  allows  simultaneously 
both  a  cross  range  localization  and  temporal  characterization  of  the  scattering 
body.  The  simulations  show  how  the  cross  range-time  characteristics  depend  on 
whether  resonances  and  acoustic  coincidences  occur  in  the  measurement  band  of 
angle-frequency. 

Returning  to  the  theoretical  descriptive  model  of  the  scattering  structure 
in  terms  of  its  modal  shape  and  resonance  functions,  we  can  now  see  that  the 
cross  range  time  description  of  these  functions  allow  recognition  of  specific 
features  of  the  scattering  body.  Specifically,  the  temporal  response  is 
principally  governed  by  the  wave  mechanical  nature  of  the  surface,  while  the 
cross  range  features  are  governed  principally  by  the  discontinuity  interference 
pattern  as  determined  by  (he  acoustic  spatial  scale  of  the  geometric  system  of 
line  surface  discontinuities. 

.STUDIES  OF  RELATIVE  SPATIAL  INHOMOGENEITY  SCALES  IN  SCATTERING 

Certain  important  limiting  values  of  spatial  scale  dimension  relative  to  the 
aco:.'stic  and  elastic  wave  lengths  have  evolved  from  our  studies  of  the  elastic 
strip  and  of  arrays  of  tine  discontinuities.  These  limits  aic: 

a)  The  acoustic  responses  internal  members  of  a. finite  distribution  of 
discontinuities  appcats  as  that  of  an  array  of  infinite  number  when  the  number 
of  elements  exceeds  27t  divided  by  the  loss  factor  of  the  structure.  This  means 
that  the  system  resonances  of  a  flnite  array  may  be  estimated  as  virtually 
infinite  under  this  condition. 

b)  A  finite  or  infinite  array  of  line  discontinuities  appears  as  a  "smooth" 
reflector,  with  no  identifiable  intental  interference  effects,  when  the 
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discontinuity  spacing  is  less  than  an  acoustic  trace  waveL'.ngth.  The  converse  is 
true  in  the  opposite  limit.  Similarly,  elastic  interferences  are  to  be  neglected 
when  the  characteristic  elastic  wave  length  is  large  compared  with  the 
interstitial  spacing.  These  are  simply  statements  of  the  classical  Rayleigh 
criterion. 

c)  A  stronger  limit  is  that  bending  wave  interactions  between  nearest 
neighbor  line  discontinuities  are  minimal  when  the  spacing  exceeds  a  bending 
wave  length  divided  by  n., 

d)  In  cases  of  scattering  from  a  patch  consisting  of  continuously 
distributed  mass  inhomogeneities  on  an  otherwise  homogeneous  elastic  plate, 
and  satisfying  the  conditions  (b)  for  smoothness,  the  scattered  field  is  controlled 
by  the  edges  of  the  patch  [4].  The  interference  pattern  so  determined  is  reduced 
as  the  lower  order  spatial  derivatives  of  the  area  mass  density  are  reduced  or 
made  equal  to  zero.  That  is,  these  patterns  are  reduced  by  smooth  taper. 

e)  In  cases  of  large  interstitial  spacings,  conforming  to  the  conditions  (a) 
and  (c),  useful  good  analytical  approximations  to  the  diffraction  field  utilize 
functions  that  model  the  discontinuity  set  as  an  acoustic  array  of  line 
sources/receivers. 

CONCLUSION 

These  analytical  studies  of  revisited  problems  are  proving  useful  at 
developing  insights  for  the  interpretation  of  the  behavior  of  more  complicated 
problems.  The  approach  being  taken  is  to  build  up  our  ability  of  assembling  and 
superimposing  known  (and  often  previously  examined)  mechanisms  to  explain 
complex  structural  systems.  The  use  of  signal  processing  techniques,  together 
with  this  built-up  mechanistic  understanding  will  also  allow  the  development  of 
post  processing  algorithms  for  interpreting  the  results  of  large  scale 
computations  of  complex  structures  and  for  the  support  of  experimental 
evaluations. 
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I  Abstract 

s 

i 

I  One  can  extract  both  the  existence  and  nature  of  resonances  on  elastic  shells  by  direct  measurement  of  surface 
f  vibrations  m  one  may  infer  diis  information  by  examining  various  aspects  of  far  field  scattering  via  back  scattered 

I  echo's  and  residual  bistatic  angular  distributions.  The  origin  of  the  inferential  method  is  contained  in  the 

I  prodigious  work  of  0berallli2  over  the  past  decades.  In  this  study  the  later  technique  is  taken  and  an  analysis 

^  for  recently  studied  resonances  is  presented.  Use  is  made  of  the  recently  formulated  acoustic  background  for 

i  elastic  shells3-^  which  makes  it  possible  to  examine  residual  back  scattered  echo's  characterize  by  pure 

I  resonance  effects.  observes  die  lowest  order  symmetric  and  antisymmetric  model  or  Lamb  resonances  as  well 

I  as  water  borne  and  pseudo-Stoneley  resonances^  and  the  higher  order  Lamb  modes  Ai  and  Sj  where  i=l,2,3.. 

f  Use  of  partial  wave  analysis  will  be  made  to  investigate  several  relevant  cases  which  infer  the  nature  o'*  the 

I  resonances. 


Introduction 


I  A  direct  approach  advocated  by  Hicklinef  to  examine  the  nature  of  resonances  pertains  to  measurement  of  the 

I  vitrations  on  die  siuface  of  an  object  Such  measurements  are  generally  not  feasible  esp^ially  for  remote  targets 

I  so  that  a  systematic  method  has  been  worked  out  that  enables  researchers  to  infer  information  from  certain  features 

I  from  the  m  field  scattered  signal.  Our  aim  here  is  to  discuss  some  of  the  methodology  used  to  extract  information 

I  concerning  resonances  and  in  particular  to  discuss  obsovations  of  recently  studied  phenomena.  A  discussion  of  a 

I  resonance  scattering  theory  in  the  time  domain8,9  i$  outlined  since  we  make  use  of  it  in  what  follows.  The 

I  correct  acoustical  bwk|^^  for  an  elastic  shell  has  been  developed^-^  and  it  now  allows  one  to  make  proper  use 

I  of  partial  wave  analyns  to  determine  the  nature  of  specific  resonances  and  so  a  limited  discussion  of  the  new 

I  background  is  presented  here  srith  examples.  A  partial  wave  analysis  is  then  used  to  interpret  the  resonances.  We 

I  will  focus  on  water  borne  resonances  ob^ed  at  coincidence  frequency  (pseudo-Stoneley  resonances)  both  in  the 

t  time  and  frequency  domains  and  on  other  kinds  of  water  borne  waves  that  occur  on  elastic  shells  particularly  at 

£  higher  frequencies.  We  will  emphasize  the  pseudo-Stonely  resonances  which  ate  narrow  in  ka  space  and  occur 

I  over  a  limited  frequency  region  about  coincidence  frequency,  the  point  at  which  the  flexural  resonances  begin  to 

I  manifest  themselves.  The  ^ural  resonances  ate  very  brou  and  fairly  weak  at  inc^tion  though  they  become 

f  narrower  and  increase  in  magnitude  with  increasing  fr^uei^.  We  illustrate,  in  addition,  that  there  are  also  other 

I  water  borne  waves  foat  increase  in  importance  with  increasing  frequency  and  are  also  more  significant  for  lower 

I  material  densities  and  thinner  shells. 

I  The  correct  acoustical  background  for  elastic  shells 


§  In  several  works  Dberall  and  colleaguesit^  determined  that  in  the  absence  of  a  resonance  an  elastic  solid  behaves 

p  like  a  rigid  scatteier.  This  was  refened  to  as  the  "  background  ”  for  the  elastic  solid.  Subsequently  Oberall  et. 

i  al.10,11  employed  that  background  for  elastic  shells  although  such  a  chdce  is  not  in  general  adequate.  It  has  been 


demonstrated  that  for  shells  a  rigid  background  is  adequate  for  high  frequencies  while  a  soft  background  is 
adequate  for  very  thin  shells  at  the  lower  frequency  end.12,13  However,  for  a  large  number  of  circumstances, 
neider  is  adequate.  The  correct  backhand  for  shells  has  recently  been  published3-5  and  is  based  on 
implementing  relevant  conservation  principles,  use  of  entrained  mass  and  a  postdate  that  determines  the  surface 
displacement  on  a  shell  in  the  absence  of  a  resonance.  We  will  demonstrate  the  effectiveness  of  the  new 
background  for  an  Aluminum  shell  of  2%  thickness  calculated  for  a  ka  from  0  to  120.  Fig.  la  illustrates  the  back 
scattered  refuse  for  the  shell.  Fig.  lb  is  the  response  minus  a  soft  backf^ound  which  is  a  reasonable 
background  m  the  very  low  frequency  region  but  inadequate  otherwise.  Fig.  Ic  is  the  response  minus  the  ri^d 
background  which  is  never  very  good  in  terms  of  isolating  the  resonances  though  it  improves  with  increasing 
frequency.  Finally,  the  new  background  is  illustrated  in  Fig.  Id  and  is  clearly  very  good  through  out  the 
frequency  range.  In  the  figures  there  is  a  large  return  centered  about  ka=:72.  This  is  the  region  about  coincidence 
frequency.  In  the  next  section  we  will  use  a  partial  wave  analysis  for  a  similar  scatterer  to  show  the  presence  of 
two  types  of  waves. 


Fig.  la  Backscatter  from  2%  A1  SheU,  Fig.  lb  Backscatter  minus  soft  background. 


Fig.  Ic  Backscatterminus  rigid  background.  Fig.  Id  Backscatter  minus  new  background. 


Partial  wave  analysis 

If  one  subtracts  the  correct  background  from  the  elastic  response  then  by  definition  one  is  left  with  the  "pure" 
rescmance  response.  Rescmances  excited  on  bodies  of  canonical  shape  usually  correspond  to  circuniferentially 
excited  waves  which  for  spheres  have  a  unique  wave  number.  To  be  sure,  this  fact  can  be  obscured  by,  for 
example,  broadly  overlapping  partial  waves;  but  none  the  less  by  plotting  the  residual  partial  wave  components- 
which  is  here  rerened  to  as  a  partial  wave  analysis-can  be  very  revealing.  There  are  two  ways  to  perform  a  partial 
wave  analysis;  one  can  fix  the  mode  number  N  and  plot  the  >esidual  response  with  respect  to  ka.  On  the  other 
hand  one  can  fix  ka  and  plot  the  partial  wave  form  function  with  respect  to  mode  numbw  N.  The  first  of  these 
approaches  is  the  most  commonly  used  but  it  will  be  demonstrated  that  the  second  approach  offers  a  very 
powerful  interpretative  tool.  The  second  approach  will  be  referred  to  as  a  full  partial  wave  analysis  ( FPWA }  to 
distinguish  it  from  the  first  case  and  because  it  involves  all  the  partial  waves  ror  any  fixed  v^uc  of  ka.  We  now 
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examine  back  scatter  signals  fiom  a  2.5%  thick  steel  shell  for  kas20  to  60.  Fig.  2a  illustrates  mainly  the  region 
about  cbincidence  frequency  centered  about  ka=44.  We  can  better  understand  what  is  happening  be  subtracting  the 
new  background  to  leave  Fig.  2b  which  illustrates  a  series  of  spikes  as  well  as  what  appears  to  be  an  envelop  of 
some  sort  We  can  determine  what  is  happening  be  perfmming  a  FPWA  at  one  of  the  lower  spikes  at  Kas31,  an 
intermediate  value  at  ka^S?  and  a  hi^er  value  at  kaaSl.  The  analysis  is  illustrated  in  Fig.  3a,  3b,  and  3c 
respectively.  In  each  of  the  figures  we  see  the  presence  of  two  waves.  In  the  lowest  two  cases  we  observe  a  sharp 
well  defined  subsonic  wave,  and  a  weak  broad  sonic  wave.  Since  we  know  that  this  takes  place  at  about 
coincidence  we  infer  that  the  broad  wave  represents  the  inception  of  a  flexural  resonance.  We  know  from 
scattering  from  fiat  plates  evacuated  on  one  side  and  fluid  loaded  on  the  other  that  water  borne  waves  (subsonic) 
exist  at  coincidence  frequency  and  are  referred  to  as  Stoneley  wavesl^.  Thus  we  infer  (in  analogy  with  the  flat 
plate  case)  that  that  subsonic  sharp  peak  is  associated  with  a  Stoneley  wave  on  a  flat  plate  and  thus  is  a  pseudo- 
Stoneley  resonance.  We  see  from  Fig.  3c  that  at  some  point  the  waves  seem  to  merge  but  actually  what  happens  is 
that  the  pseudo-Stoneley  wave  dissipates  as  it  teaches  the  speed  of  sound  of  the  fluid  and  another  type  of  water 
borne  wave  begins  to  ^w  and  to  maintain  prominence  with  increasing  firequency.  We  will  discuss  the  case 
below.  We  can  also  perform  a  study  of  the  phase  velocities  of  the  two  waves.  The  results  are  illustrated  in  Fig.4 
(associated  with  the  pseudo-Stoneley  resonance)  and  Fig.  5  (the  phase  velocity  associated  witit  a  flexural 
resonance).  Note  that  the  pseudo-Stoneley  wave  is  (tf  limited  range  and  is  mainly  subsonic. 
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Fig.  2a  Backscatter  from  2.5%  steel  shell. 
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Fig.  2b  Backscatter  minus  new  background. 
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Fig.  3  Partial  wave  analysis  for  ka  a)  31,  b)  36,  c)  51 
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Time  Domain  Resonance  Scattering  Theory 

The  partial  wave  series  that  emerges  from  normal  mode  theory  for  separable  geometries  can  be  represented  in 
distinct  partial  waves  or  ntodes.  It  has  been  shownl>2  that  a  representation  due  to  a  distinct  mode{n)  can  be 
written  in  the  form 


(r) 


.  1 


(r) 


fn(0)=  \ 

x-xV+(T)rV 

where  X  =  ^<xV  resonance  and  the  half  -  width. 

„n.  2'5„  **n  (*) 

Where  e  "  - jjr; — 

hn  (X) 

Here,  the  factor  2n-«-l  is  absorbed  in  the  expansion  coefficient  For  the  pulse  form  a  continuous  wave  ( cw )  ping 
is  us^  which  conesponds  to  a  very  broad  frequency  range.  For  each  time  domain  modal  component  one  has  that 


Re  / 


1  (r) 


(2) 


That  is,  at  a  resonance  the  time  domain  solution  is  simply  the  product  of  the  half-width  times  a  sinuosoidal 
function  times  an  exponential  dancing  factOT.  lirom  the  time  domain  solution  for  a  nest  of  resonances  ( N-m )  for 
a  cw  ping,  one  obtains  the  form 


p(s)-2n  S  (iir^^^Sinfx^^sIe 
n  =  m  ^ 


(3) 


The  remaining  contributions  from  bockscatter  ate  small  due  to  phase  averaging. 


It  is  assumed  that  calculations  are  p^ormed  in  a  resonance  region  for  which  the  resonance  widths  ate  fairly 
constant  and  the  resonance  spacing  is  fairly  aniforai3>9.  This  assumption  leads  to  the  important  expression 


P(s)  -  2Jt2“(Sin  (xS^^S)  {Cos{AxiJis/  2)  )“e-*r/2, 
where  Xave~  2M  ■  ’ 


(4) 


isn 


Here  one  sets  n-m«<2M.  It  is  seen  from  the  above  expression  that  the  half-width  is  associated  with  the  decay  of  the 
response  in  the  time  domain  solution.  When  the  number  of  adjacent  resonances  (2M)  sensed  increases,  the  return 
si^  becomes  more  sharply  defined  and  the  envelope  function  (the  beau)  are  mm  enhanced  and  clearly  defined 
Hnally,  for  larger  carrier  n^uencies,  the  signal  is  more  osdllaioiy  widiin  the  envelope. 


Time  Domain  Back  Scatter  at  Coincidence  Frequency 

Flexural  waves  do  not  yield  resonances  from  fluid-loaded  shells  until  the  phase  vekxnty  of  the  flexural  wave  is 
about  equal  to  the  speed  of  sound  in  the  ambient  fluid.  The  value  in  frequency  for  which  this  happens  is  referred 
to  as  the  coincidence  frequency  ;  however,  some  subsonic  fluid-borne  waves  produce  sharp  8.9,14,13 
resonances  below  coincidence  fin^uency.  These  waves  are  referred  to  as  pseudo-Stoneley  waves  and  the  related 
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resonances  as  pseudo-Stoneley  tesonances.^*^^  The  pseudo-Stoneley  resonances  are  well  defined  in  partial 
wave  space;  they  usually  ccxrespond  to  only  one  partial  wave  mode  number  and  a  very  narrow  half-width  with  a 
dispersive  phase  velocity,  which  approaches  the  speed  of  sound  in  the  fluid  with  increasing  frequency.  The 
pseudo-Stoneley  resonances  diminish  in  significance  at  the  point  where  the  flexural  resonances  begin  to  dominate. 
It  can  be  determined  that  a  phase  change  occurs  in  the  pressure  field  in  the  transition  region  from  subsonic  to 
supersonic.  This  change  accounts  for  the  envelope  of  the  resonance  curve  at  coincidence  frequency  where  the 
waves  are  in  phase  until  coincidence  and  are  out  ctf  phase  afterwards.  Our  interest  here  is  in  examining  the  time 
domain  response,  since  one  expects  the  conditions  previously  described  to  be  partially  met  over  a  broad 
frequency  range  and  thus  to  yield  a  strong  coherent  response  with  a  earner  frequency  in  the  neighborhood  of  the 
frequency  at  coincidence.  Accordingly,  the  case  of  cw  pings  for  two  examples  -  for  which  coincidence 
resonances  are  expected  to  arise  -  is  examined.  This  is  certainly  suggested  by  the  strong  responses  in  Figs.  6b 
and  7b  attheka  values  113  and  87,  respectively,  for  steel  and  WC.  Further,  in  this  analysis  the  Mindlin- 
Timoshenko  thick  plate  theory  is  used  to  determine  the  value  for  which  the  flexural  phase  velocity  will  equal 
the  speed  of  sound  in  water.  The  phase  and  group  velocities  are  determined  from  flat  plate  thcoiy  which  proves  to 
be  quite  reliable  in  predicting  the  phase  velocity  for  the  curved  surfaces  of  the  spheres  at  coincidence  frequency. 

The  time  domain  calculations  are  now  examined.  The  frrst  example  is  a  steel  shell  of  1  %  thickness.  In  this  case  a 
well-defined  envelqie  (illustrated  in  Hg.  6a)  with  pronounced  oscillations  within  the  envelope  is  consistent  with 
Eq.  4.  The  enhancement  due  to  the  factor  2^  is  obvious.  The  group  velocity  can  be  obtained  from  the  peak-to- 
peak  distance  of  the  adjacent  envelopes.  The  result  leads  to  a  value  of  2.23  km/sec.  Both  flexural  and  pseudo- 
Stoneley  resonances  compete  in  this  region.  A  mixhire  of  pseudo-Stoneley  waves,  as  well  as  flexural  waves  must 
be  leaking  into  the  fluid.  For  flexural  waves,  the  group  velocity  is  2.53  km  /  sec  at  coincidence  frequency  with  a 
range  between  2.44  and  2.68  km  /  sec.  over  the  ka  range  of  1(X1-140,  where  the  strong  flexurals  are  significant  In 
that  range  the  phase  velocity  varies  from  1.37  to  1.S8  km/sec.  The  values  of  the  extracted  group  velocity  does  not 
agree  well  with  the  flexural  group  velocity  ;  the  discrepancy  is  12%.  This  variation  suggests  that  in  the  time 
sequence  the  flexural  resonances  are  of  little  impcntance  for  the  time  sequence  presented  here.  The  group  velocity 
of  the  pseudo-Stoneley  waves  for  this  case  has  been  determinedly  to  be  2.16  to  /  sec  based  on  plate  theory.  The 
phase  velocity  is  in  the  range  from  88%  to  98%  of  the  speed  of  sound  in  the  fluid.  This  value  of  group  velocity  is 
within  3%  of  the  extracted  value  from  the  time  domain  solution.  Moreover  the  pseudo-Stoneley  resonances  have 
very  narrow  widths  while  the  flexural  resonances  are  quite  large.  The  conditions  in  the  previous  section  would 
indicate  that  the  flexural  resonances  would  rapidly  dam^n  due  to  the  large  half-widths  while  the  pseudo-Stoneley 
resonances  would  attenuate  slowly  in  time.  Tlius,  based  on  the  similarity  of  the  extracted  group  velocity  and  that 
of  the  pseudo-Stoneley  wave  and  the  conditions  in  the  previous  section  on  level  widths,  one  may  conclude  that 
the  time  domain  calculations  in  Fig.  6a  represent  pseudo-Stoneley  resonances.  A  similar  argument  holds  for  WC 
for  Fig.  7a. 


Fig.  4  Phase  velocity  for  pseudo-Stoneley  resonance.  Fig.  S  Phase  velocity  for  flexural  resonance. 


Pure  Water  borne  Waves 


The  above  analysis  dealt  with  pseudo-Stoneley  waves.  There  is  another  phenomenon  due  to  waves  that  have 
phase  velocities  that  coirespond  to  about  the  speed  of  sound  in  water.  '1^  are  not,  however,  sharply  defined  in 
partial  wave  space,  nor  are  they  associated  wioi  the  flexural  wave  at  coincidence  frequency.  They  are  associated 
with  the  density  (rf  the  material,  and  the  thickness  ( really  just  the  mass  of  the  target )  and  the  frequency.  Their 
importance  increases  with  frequency  and  they  do  not  manifisst  themselves  as  sharp  resonances  in  the  form  function 
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but  rather  wash-out  other  resonances  such  as  the  So  and  Aq  resonances.  Thus  for  light  ma'^rial  and  thin  shells 
such  as  Aluminutn  and  at  hij^  frequency  one  does  not  observe  sharp  resonances  due  to  this  wash  out  effect.  Figs. 
8  and  9  illustrate  this  effect  in  partial  wave  sp^  for  Aluminum  of  2.5%,  and  an  Aluminum  ^ell  of  S%  at  a  ka  of 
250.  It  is  clear  that  there  is  a  tmminent  contribution  in  each  case  corre^nding  to  a  phase  velocity  equal  to  the 
speed  of  sound  in  water  ( it  is  centered  about  250  indicative  of  a  slightly  subsonic  wave).  The  other  peaks 
cotre^nd  to  the  Lamb  waves.  Clearly,  the  effect  is  more  pronounced  for  thinner  (lighter  materials)  shells.  In 
Fig.  10  we  illustrate  a  plot  of  the  phase  velocity  of  this  wave  for  the  5%  steel  case.  An  extensive  study  of'this 
phenomena  is  to  be  presented  in  a  future  work  including  die  sensitivity  to  material  properties  and  the  over^l  effect 
on  the  form  function. 


Fig.  6  Scanering  from  1%  steel  shell  a)  Tune  domain, 


Rg.  7  Scattering  from  1%  WC  shell  a)  Time  domain, 
Conclusioni 


of «  •"  »  time  domain  version 

phenomena.  1m  nc,  t,f*«  several  competing  events  can  occur  in  the  same  frequency  region  perhaps  tenders  the 
direct  measuremer^  <  S  toh’yot  vibrations  less  useful  then  an  inferential  approach.  On  the  odier  hand  an  inference 
does  not  guarantee  t  w  that  is  always  die  correct  interpretation. 
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I  Fig.  9  Full  partial  Wave  Analysis  for  5%  Aluminum  Shell. 
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AISTIACT 

tilth  an  IC  enatna  runnlna  of  and  tha  ou*  haino  at  atandatlll  on  a  oaaceful  alta. 
noise  in  the  bus  Interior  is  senerated  only  by  the  heattna.  vcntilatins  and  aircondltio- 
nine  (HVAC)  eyetaas.  In  ardar  to  atnlaty*  tho  noise  orlatnatlna  froa  llie  HVAC  srataaa  It 
la  naaaasary  to  aanarate  tha  different  aound  eosponents  and  detersine  their  sound  pouer. 

aestureoent  aethod  uaa  applied.  This  paper  presents  the  results  of  sound  intensity 
aeasureaents  which  have  been  carried  out  on  HVAC  systea  ooeratins  in  situ  (with  eussi 
ravarbcraiil  aound  field  in  the  pusi  and  in  a  free  field  (in  an  anaehole  rnno).  by  the 
discrete- poiia  aethod  and  seonnlnp  octhod  at  different  Baaeureaant  distancaa. 

INTROOVCriOR 

In  the  ease  or  a  systea  with  aulilpla  noise  sawreesi  such  as  the  hvac  systea  in  a 
bus  intcrlori  beside  the  tncarforenca  oatween  the  saurcaa.  the  rcoativlty  af  the  sound 
field  would  inriuenee  their  lawuti  neat  tan  ana  sound  aa«sr  iivivrbinattan.  rn* 
reliability  of  the  aound  power  deteminatlon  froa  Intensity  aeasureaents  ucuenus  also  an 
asny  otner  factors,  such  as  radiation  character let ivs.  sawoiinp  taehniaues  (discrete 
points  or  scannlna  aethod).  aeasureaent  distance,  shape  of  aeasureaent  surface  and  so 
on.  The  purpose  of  this' Investiaation  was  to  evaluate  and  rank  the  noise  sources  in  the 
HVAC  systea  and  find  out  the  effect  or  the  acoustic  field  in  which  the  hvac  systea  was 
aaasured.  as  well  as  the  effects  of  the  aeasureaent  distance  and  teehnidues  of  saaslins 
on  the  reliability  of  sound  power  detarainaeion. 

The  HVAC  systea  cvntaXns  saaaononla  whlah  taka  In  the  said  afr  free  the  out 
interior  or  exterior  and  lead  It  thrwuwl>  a  heat  cxchanser.  orcaslns  the  thus  waraad  air 
by  aeons  or  vans  llivw  the  bus  interior,  aw.-a  the  eareleular  eeund  seuraee  are  the  fare, 
the  heat  exenanpar  ana  liitwhc  and  esnauat  wuvninos.  This  aawar  shauld  answer  a  auestlen 
or  how  auen  sound  power  radiates  rrww  the  psrticwlar  caapanants  of  the  HVAC  erstea.  The 
results -ara  prtsented  for  only  two  nwisiasc  parte  af  tho  hvac  aratbw:  the  neater  in 
front  wf  tliw  drlvor  and  the  underflaar  hdetar.  Flp.  1.  ft/. 

TEST  PROCCDMIE 

A  HVAC  systea  in  a  tourist  bus  Tah  2S0  a  iie  r  was  used  for  the  tests,  /s/.  Ta 
dataraine  the  sound  power  of  particular  naisa  sources  tnsicc  ena  hvac  srataaa  tww  test 
series  vere  parferaod.  The  first  test  series  vara  pcrferaed  in  situ  in  the  ccndlticns  of 
the  TC  onalnc  runninc  of  and  the  bus  bolnp  at  standstill  on  a  poacoful  site,  whereas  the 
second  tost  scries  were  carriea  out  In  a  free  field  •  in  an  eiiwchalo  raea  in  whlah  a 
roflootlvo  floor  was  aado  of  eoneretc  otnola.  In  both  eases  the  hvac  systtas  were 
aseraeed  at  niphcst  power  wr  wpwwd  at  e«  vaits. 
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$3un(i*powtr  for  41*tno*tl«  d**i0n  work,  and  to  eat  the  ttandard  nacetsarr 

for  oneinaerins  erade  eeasuretant. 

Ayaraatna  Tlaa.  Ualne  the  discrete  points  aethod  in  each  aeasureaant  position  the 
svtraeins  ties  usn  14  a  (100  averaginel*  in  the  cate  of  the  scanning  aethod.  different 
rsarni..o  *i»e*d*  uare  investigated  .rot  0.05  a/St  O.OS  a/«  to  0.1  a/o.  Par  all  speed 
retos  tiKllar  assitireaent  results  were  optaineo,  oeine  alau  alatlar  e*  bh*  n*a*ui*eaent 
in  discrete  points,  therefore  u  fast  scanning  speed  of  0.1  a/a  was  chosen  for  further 
aeasuresentf  as  it  was  easier  to  control  it.  The  saae  scanning  speed  was  ussd  for 
aeasureasnt  in  the  far  field  aa  well  as  in  the  near  field.; 

Moasureaant  furfeoe  was  orsoarsd  SOCOrdlng  to  ldO/D13  edit  standard.  Censldorlne 
the  purpose  of  the  Inveetigation,  tho  aeasureaent  surface  eay  be  fari.liiir  away  in  a  far 
fioid  and  olose  tn  the  source  in  a  near  field,  'n  the  case  of  the  total  sound  power 
wstarainrrfnn  of  the  heater  as  ths  whole  source,  the  aeasureaant  surface  was  arooarod  at 
an  taaglnary  cubical  enclosure  around  the  source  in  a  .'ai  field. 

for  the  sound  nftuer  deteralnation  of  particular  eoapenents  of  the  aultiple  noise 
source  snd  sound  distribution  location  ovar  a  aultiPis  sourea,  the  aeasureaent  curfaes 
was  taken  close  to  the  source  surface  in  a  naar  field. 

On  each  aeaturlng  surface  in  ihe  far  field,  the  nnraat  sound  Intensity  was 
aeesured  using  two  different  saaoling  techniaues:  in  discrete  points  at  the  centre  of 
each  eegaent  of  the  aesaureaent  surface  and  by  the  ajmuei  scanning  aethod  over  the 
contour  of  the  aaasuresant  aurfsco,  asking  sure  that  the  probe  was  sluaya  pointed 
toward*  tlie  ■ooAureaent  turfaee. 

Dlstaqea  to  the  Haasuraaant  .  Surf aca.  Xn  situ  ths  distance  between  the  source 
surface  and  aeasureaent  surface  was  liaitad  by  ths  geoaetricsl  obstruction  of  passenger 
seats  in  tn*  bus  interior,  whereas  in  tha  aneohoie  rooa  there  ware  no  liaitations.  The 
distance  between  the  source  surfaee  end  th*  aeasuring  surface  is  dictated  by  aeaauring 
accuracy,  i.a.  by  tha  nuaber  of  aossureaent  points  and  by  tho  air  flew  volooity  tnst 
should  be  sasUer  than  1  a/s.  In  situ  anciureasnts,  the  distance  between  tha  source 
surface  and  the  aeasureaent  surface  was  for  the  heater  in  front  of  the  driver  0.5  a  and 
for  tha  underfloor  heater  0.15  a. 

In  ftee  field  aeasuresont*  (in  an  antcholo  rooa),  the  aeasureaent  surface  was  • 
cubiu  onolesure  of  \  a  side  length  Set  tround  the  sound  source. 

The  diotsnee  between  the  source  surface  and  the  aeasurlnw  surface  in  near  field 
was  constant  over  the  entire  surfaee  snd  was  deteralned  by  the  phyeieai  dieensien  nf  the 
intenaitr  erefee  utth  ■  ulndscreen  (approklaately  5  ca).  The  foaa  windscreen  on  the 
int*n*fhv  brobt  Was  Uifd  to  airilal20  pressure  disturpsness  at  tue  alcrepliunee  in  the 
ease  of  high  air  flow  velocity. 

Mti«hi>r  of  Hoaeuraaent  roaitluii*..  The  oeereeeh  of  *«eoHnQ  at  dlacrate  points 
allows  tho  aceuraey  of  the  sound  power  estiaatc  to  be  deteralned  froa  the  individual 
intansity  aeasurraants.  This  is  true  hvwever,  only  when  a  vuffielent  nuaber  of 
K.n.iin.Hanta  era  Bade.  The  alze  of  the  aoah  aegaonts  on  the  aaaaureaent  surface  was 
Tl*ed  in  eoeerdenee  ufrh  the  field  non-Uniruroii.y  Xneteaku,-  «nw  fni»a,„la  deterelnfno  8 
wlnlaua  Puab>p  of  eaasurtaent  posltlona  f  (C  1«  uunstent,  deflntne  th* 

pcecisien  in  lso/0l$  4&ii,  for  the  fraquency  ranee  rroe  loo  to  aaoo  ut  c  w  as) 
guarantying  givan  uncartslnty  iteita.  When  the  aaaauring  points  ar*  aeny,  the 
aeasurcsent  ties  beopaos  Icngar,  so  tha  appropriate  aeasUrine  points  should  be 
deterained  by  the  accuracy  requirtd.  The  nuaber  of  aicrophone  positions  la  in  dost 
relation  to  the  aeasureaant  distance  froa  tha  source.  For  high  accuracy  tha  saalier 
nuaber  of  aicrophone  positions  deaands  the  iargar  saaauraaant  distance.  In  band  without 
siwiiXf leant  extranaoua  noise  a  saalier  nuaber  of  aossureaent  points  is  needed  at  the 
greater  distance. 

In  the  aeasureaents  which  wore  asds  in  ths  aneohoio  rooa  on  dlsaantlod  hoatera  in 
absence  of  ths  undosireple  exireneeus  sound,  the  values  of  the  indicator  art  saalier 
and  nuaber  of  aeaauraaent  positions  eould  bo  leaser.  In  the  case  of  in  situ 
aeasureaents,  the  nuaber  of  aicrophone  pusitiens  fer  the  heeter  in  front  of  the  driver 
wts  123  and  for  the  underfloor  heater  SS,  uiierees  in  free  field  areeureaenta  (in 
anechoie,  chiabar)  it  waa  50  in  both  caats. 

tne  BcaaufuMvn*  tux'fmnm  In  far  fiald  was  divided  into  aagaenta  in  the  fora  of  a 
aesh  according  to  the  nueber  of  aeaeiireaant  poaitlona  naaaoo#  in  sxbu,  the 
surfaee  for  heater  tn  front  of  the  driver  waa  divided  into  eeaatnta  of  10  x  iO  oa  end 
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The  «uund  intarKity  ua*  neasured  with  eduipnant  conslatins  of  a  6  &  K  p-p  typp 
35W  probe,  fitted  with  1/2  inch  diaaatar  phaae-aatched  aierophonav.  The  leaetr  batwern 
tha  alorophonaa  uaa  12  aa  for  a  freouancy  range  froa  160  Ht  to  5  kHz.  The  aiddle  of  the 
soaear  runs  throuan  bii«  ••aauraaant  turfaea.  Tha  praaaure  aignala  froa  the  alcrophones 
ware  fed  to  tha  dual  uliennel  otanal  analyzer  B  4  K  Type  20S2.  The  analyaer  uirecaiy 
coaputad  the  araetrua  of  cound  Intenaity,  uclns  the  oroas  spactrua  batuean  the  two  input 
aound  presaura  stgnau.  Thla  apaetnua  uaa  poatprocaaaed  using  a  HP-3S52A  eoaputer  so 
that  tha  output  froa  the  eoaputer  could  ba  sent  to  a  printer  or  a  plotter.  The 
aicrophonet  were  calibrated  using  a  pistonphone. 


a)  b) 

Pig.  1.  a)  Hatter  in  front  of  driver,  b)  Underfloor  heater. 


BOUND  IRTENBlfY  NEASUNEnENT 

Two  aaln  advantages  of  sound  Intensity  aeasureaent  are:  the  ability  to  aeasure  the 
acoustic  power  of  tha  sound  source  In  situ  giving  access  to  the  ouantitstlva  radiation, 
•nd  She  ahiiitv  tn  wstiaate  the  partial  acoustic  power  related  to  *oae  of  the  source’s 
coapunents.  A  neoesaary  precondition  to  distinsuisii  eoouatlv  p»v*r  rsdiat*d  by  various 
part*  er  buildings  coaeonents  Of  tha  studdad  source  is  a  sufftcletilly  wide  space  between 
the  noisy  coaponsnts  to  be  estlaated.  The  total  sound  intensity  of  the  HVAC  syctaa  and 
its  particular  eoaponents  was  neasured  in  situ  and  in  the  anechoic  roon. 

Th«  saund  Intensity  BcasureBCnts  were  carried  cut  scoerding  to  ISO/DIS  96i(  and 
ANdl  3  12.12-1917,  and  the  sound  power  levels  were  caiculaleu  acaerdlne  ta  the  SAMA 
standards.  The  sound  intensity  level  and  sound  pressure  level  were  oeastired 
slaultaneously  a.> then  the  sound  field  Indlcetors  were  caieuiateo.  But,  beforehand,  we 
have  to  aaka  e  seieutiun  af  the  eeestirenAnt  oeraaeters  such  as;  the  actual  atasureaent 
surface  with  the  nuebsr  and  array  of  aeasureaent  positiona,  the  type  or  sMsiiai 
averaging  (dieerete  point  vs.  scanning  acthod),  neaiureaent  distance  and  perforcance  of 
aeasureaent  eouipaent  (reauired  freouengy  range,  freaueney  resolution,  aierophone 
spacing,  tiaa  integration,  etc.). 

freuueney  Boeolution  nay  be  narrow  band,  1/S  or  1/1  octave  band  and  wide  band.  The 
narrow  band  h  very  tine  consuaing,  therefore,  for  the  total  sound  power  csblnetlen  frnn 
the  ooe}tlve»9olng  sound  Intensity  (which  represents  the  sound  energy  cosing  froa  the 
test  source),  the  vide  band  resolution  was  chosen,  /!/. 

Spatial  Avopaoino.  Sound  intensity  aessurarents  aay  ba  made  in  otcorai*  ocints  on 
a  grid  and  oa  a  seacA-tiat  average  by  scanning  with  the  St  probe  during  date 
acwulsitlon.  In  prinitlple.  the  scanning  aethod  can  give  a  aora  accurate  cstlaate  of  the 
source  sound  power  uiPh  fewer  aeasureaents  than  a  tilacrstv  point  aethvd.  The  «oanning 
Bathed  also  saves  aeasursaent  tiae  in  senerai.  But,  detsrainetion  or  uound  newer  iiainn 
the  incsnsity  technieue  according  to  IBO/DIS  9614  Standard  is  based  on  discrete  point 
aeasuranents.  The  scanning  aathod  is  net  conslderad,  as  no  aeane  or  evoluoting  the 
spatial  vartanow  i*  proneeeg.  end  It  is  thereby  not  possihXe  to  deteraine  tha  eeeuraoy 
class  of  tne  aeseureaenc,  in  tlm  erepeeed  ANSI  A  12.12  there  IS  i  orpceaur-»  tu  •valucbo 
the  roeuite  ueing  scan  jaasuraaents. 

The  discrete  points  aethod  is  used  to  oeterwlne  the  evereil  redletlon  of  the 
particular  surface  and  to  providing  aora  inforaafcion  on  the  radiation  patterns  of  the 
surface  under  consideration.  The  scanning  aethod  is  used  to  Provide  inforaation  on  the 
vvei  all  rodtasion  hhrnuoh  the  surfact.  The  Scanning  aathod  is  suitable  for  quick  total 
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for  th»  underfloor  henter  Into  «ts««nt«  of  10  x  6.5  eo.  In  the  aneoholo  root  the 
aaasuraaent  surface  wa*  divided  into  16  tedienta  of  25  x  25  oa  areas. 

,  The  aeasureaent  surface  In  near  field  uas  also  divided  into  iaagtnary  segaents 
which  ecver  a  site  of  a  slenifieant  source  inside  ‘^he  aultiple  noise  source  (see  Fic. 
1).  In  near  field  aeasureaents  it  is  not  necesearv  to  aeke  a  orld.  On  each  aessurins 
surface  ever  the  contour  of  the  sound  source  in  the  near  field,  the  noraai  sound 
intanoitv  ue«  suitably  aeasured  only  by  the  scannina  aethod.  In  this  case  the  total 
sound  power  of  the  particular  coaponents  or  the  auitjpio  uoio*  **upoe  oouid  bo 
deterained. 

qulticle  aource  Interaction..  Sound  intensity  Provides  a  aeasure  of  the  net  flow  of 
acoustic  enerey  throuon  a  surfaoei  doflnino  both  the  ■aonlt.ude  and  direetion  of  this 
quantity.  The  sound  power  level  own  be  obtained  by  eslculations  froa  the  product  of  the 
area  of  the  aeasureaent  surface  and  the  aean  value  of  the  noraai  sound  intensity 
coBponent.  Therefore,  theordtically,  sound  power  evaluation  should  be  Independent  of 
environaent  or  Interference  out  or  the  aeasureaent  surfooo.  But  in  or serine  the  errors 
can  appear  because  of  errors  In  the  intensity  aeasureaent  caused  by  the  interference  or 
etendino  waves  and  directivity  of  the  31  probe.  In  the  reactive  sound  field  in  the  bus 
interior  at  low  frequencies  stendlno  waves  aey  exist  and  sound  intensity  probe  ulll  not 
account  for  this  enerey  as  thare  is  no  net  etivrpy  tlov.  The  error  in  the  aeasureaent  is 
not  well  established  if  the  source  und"r  test  nos  lersc  ourfsoss  whtsh  any  absorb  or 
reflect  the  sound  that  enters  the  acesuroaene 

When  the  acoustic  field  of  prlaery  souroo  to  usvsrsly  interfered  by  e  secondary 
source  (so-called  active  inter rvi-oubc)  or  boundary  roflsetlnn*  rsn-ealled  passive 
interference)  additional  field  errors  due  to  interference  are  expected.  At  the  intensity 
field  is  a  vector  field,  any  interference  (either  active  or  passive)  will  introduce 
chanees  in  aesnitude  and  in  diraotlvity  oaiiern  or  the  Bovustio  fisie  of  tho  prfsary 
seurca.  The  interference  depends  on  tns  locaiivu  ur  s  rioio  point  with  roosrd  tn  tho 
priaary  and  parasitic  source,  distances  saong  the  sources  end  the  aeasureaent  points  to 
the  sources,  source  strengths  end  its  directivity  path,  phsse  differences  saenp  sources 
in<i  acoustic  frequency,  radiation  characteristics  of  the  sources,  diffraction,  ate. 
oiffrpntion  occiirp  in  the  near  field  of  the  source  snd  can  distort  the  radiation 
eharacteriatios  of  the  source.  The  surrounding  structure  holding  cn«  is  prooe  mur  oauoo 
diffraction  which  is  detriaental  to  one  radioiiuu  uattom. 

To  deteralne  the  effects  of  Interference  due  to  presence  of  baoKground 
(estranecus)  noise,  the  pressure-intensity  or  Interference  Indieetor  Fj  is  used.  In  a 
general  sound  field  there  are  alwaya  two  coaponents,  the  direct  sound  and  diffuse  sound. 
Tho  diffuse  sound  has  oreet  influence  on  sound  pressure  whereas  the  uireot  sound  has  on 
fnfiuenoe  on  sound  intensity.  If  the  priaary  sound  source  is  superposed  by  a  uirruse 
extrsacoua  sounc  interference  descriptor  Po  ■  Fj,  end  If  par-asitio  noise  to  luoldontlno 
diroctiy  into  the  aeasureaent  surface,  then  F2  <  F3,  Only  the  aeasureaent  of  an 
anoaalously  low  or  even  negative  value  for  intensity  indicates  liie  preaenoo  of  etrong 
extraneous  noise.  The  pressure-intensity  indicator  F;  la  usad  to  eheeic  data  validity 
allowing  invalid  data  points  to  be  repeated.  As  a  basic  oulde-llne.  Indicator  Fj  should 
not  axeeed  10  dS  for  enginserlng  aeouraey. 

The  sound  intensity  aethod  is  not  sffseted  by  background  noisa  when  the  external 
nolte  in  stasdy  noise  and  when  sound  field  inuicators  (eoeordlne  to  iso/ois  9hlA)  are 
satisfied.  In  the  other  ceses  aeoifloatloiis  ur  tne  aeasurospui.  field  auot  hn  done.  In 
Rttu  aeasureaents  (in  the  bus)  were  of  tnis  kmu,  therefore,  efforte  were  aerie  to 
cllainite  the  undesirable  extraneous  soune  rioiu  (with  eilatnaking  npopefve.-gn'rne 
coaponents  of  the  intensity  speotrua)  on  tha  aeasureaent  surface.  This  aethod  can  bo 
used  only  for  sources  radiating  broad  band  noise  and  if  the  estiaated  paraaeter  is  the 
total  sound  power  levs!  of  tha  sourct.  The  cheoklng  of  the  frequenor  feature  of  tho 
source  is  necessary  every  so  often.  The  eliainaticn  of  the  strong  directly  Incldencino 
sound  was  achieved  by  wrapping  the  disturbing  extraneous  sound  sources  (s.g.  In  the  esse 
of  gperotins  of  two  opposite  installed  underfloor  heaters  which  correlated)  and  by 
introducing  additional  sound  absorption.  Altsrnativa  netheds  to  this  would  oe  a  lunoor 
elstanca  between  the  eouroe  and  the  aeasureaent  surface,  if  it  is  possible,  and  a  Icngar 
aaasuraaent  tiaa. 

Heaaureaent  Uncertainty  Origin.  Tha  both  kinds  of  tha  aeaaureasnt  surfaces  (in  far 
field  end  in  near  fiald)  and  bdth  kinds  of  the  spatial  avaraging  (dlacrata  point  and 
teenning  aethod)  verg  usad  in  situ  in  tha  bus  sa  well  as  in  an  sncohoio  roea.  Different 
lesults  or  at  least  their  uneertaintr  could  be  expected,  fhs  differences  nay  have  grioin 
in  the  different  aeasureaent  cendltions  such  as:  the  nature  of  the  suund  field 
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(int:«rfcr«no*,  stanrtfng  vsvea,  ttc.).  thape  and  dlatanoa  af  tha  ataaureMnt  aurfaec 
around  th*  noil*  tniirce  In  the  bus  and  in  the  aneeholc  roea,  varlabiliLr  in  the  aaeuatie 
output  of  the  aourcet  axceaaiva  lavela  (and/ar  variability)  ut  baokaround  nolao.  Si 
probe  directivity,  lexaar  aaasureaant  accuracy  for  a  acannlns  approach  va.  diacrata 
points  aathcd  and  to  on. 

In  the  Put  cne  auunu  field  io  divfv**  ulth  oueal  reverberant  charactarlatlca, 
uhareas  In  an  anecheie  rooa  a  cuaal  free  field  with  absorptive  surroundlne  walla  was 
created.  In  situ  aeaaureaeni  tree  aurTuuM,  whic.K  mdiate  the  aein  nnfaa  free  the  source 
(haeter)  in  tha  bus  interior  is  only  surface  A  in  Fig.  la  and  surface  0  in  Pis.  lb, 
whereas  In  the  eeasureaants  in  aneehoie  rooa  tht  aeatured  sourct  radiates  noise  in  all 
directions  (wliliuut  the  sound  path  daaplno  or  disturbing). 


Qbovt 


I  b)  c) 

I  Fig.  2.  5-0  presentation  of  noraal  sound  Intensity  on  tha  heater  in  front  of 

p  "  driver,  aeaaured  in  situ:  a)  by  discrete  points  in  far  field,  b)  by  scanning 

f  aathod  in  far  field,  c)  by  scanning  aathcd  in  near  field. 


*V 

f. 
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Tabl*  1.  Coaparison  or  tna  auunii  tnt«naltl*>  aicosurad  in  titu  utino  dltcrata 
points  and  soannlns  aathod. 


Surface 

left 

front 

above 

total 

in  discrete  points 

70.9 

73.1 

BraB 

71.7 

72.1 

by  scannlna  aethod 

71.4 

ri.% 

71.1 

70,7 

• 

difference 

♦0.7 

-0.9 

-0.7 

-1.0 

■HQQI 

aeasurcaenc  rosuits  ootamau  or  tne  dlaei-utc  points  asthod  bps  thsun  in  Fit-  Pa  In  S-0 
presentation.  Fla.  2b  presents  sound  intensity  distributions  on  the  leasureaent  surface 
esde  by  the  scannlna  aethod.  Intesrataa  values  of  the  sound  intensity  on  the  portieular 
surf sees  are  presented  in  Table  i  to  coapare  the  raaults  ubtalnad  by  the  dlaorete  pelnte 
to  those  obtained  by  scannlna  aethod. 

Differences  in  Teble  1  between  the  inteerated  results  over  the  control  surfaces 
ootalned  by  discrete  polnto  and  the  tcannlng  aethod  are  due  to  a  larper  distance  [by  $ 
ca)  in  case  of  cne  scannlna  aethod.  But  the  differences  between  thr  results  shewn  In 
Ma.  2a  and  2b  are  iiualltotlve.  From  Fla.  2a  the  sound  Intensity  rif strlbutlon  Is  evident 
whereas  froa  Fia.  2D  it  is  not.  The  scannlna  aethod  thus  eavo  lees  inforaation  than  the 
discrete  points  aethod,  but  the  scannlna  aethod  can  be  iaproved  by  foralna  saailer 
intearateo  areas  close  tu  the  eouree  eurfoee  In  near  field.  The  aeeeured  rranlte  fn  near 
field  USlna  the  SCannina  aetnow  art  sliwn  in  rla,  tc.  Zt  een  be  coon  that  the  seannlno 
aethod  used  in  near  field  wen  slve  acre  Inforaation  then  the  discrete  points  nrfhnd  In 
far  field.  Total  sound  power,  however,  for  all  three  aeesureaent  eoproachea  does  net 
differ  auch  fcoa  one  another,  see  Table  2. 


Table  2.  Coaparison  of  the  sound  power  aessured  in  situ  usins  discrete 
points  and  scannlna  aathod. 


hCQSUroaent 

aethod 

discrete  pnfnts 
in  far  field 

scannins  aethod 

In  far  field 

scanning  aethoc 
in  near  field 

Sound  power 

75.0  d6(A) 

74.7  dB(A) 

74.0  dB(A) 

Pros  Fia.  2a  and  2c  we  can  see  that  the  aain  noise  source  of  the  heater  In  front 
of  the  driver  Is  ealtted  froa  the  fans  below.  Fig.  2c  shows  that  the  noise  seuroe  second 
in  strenath  is  exnaust  pouts  above  end  not  the  radiator  aa  It  seeas  from  Flo.  2a.  That 
aeans  that  the  scanning  aethod  used  In  the  near  flald  can  glva  aore  inforaation  than  the 
disoi'ete  points  aethod  In  the  far  field,  me  discrete  aethod  used  In  the  near  field  is 
tiee  consuning  end  lets  aeourate  than  the  scannlna  aethod  owina  to  dlffraotlon  exlstlne 
In  the  nasr  field. 

Besults  uf  the  aaeond  Toot  Beriaa  In  an  Snenhole  »noa-  In  the  OBte  Of  In  sitU 
aeasurcacnt,  the  heater  In  frnnt  of  the  driver  Is  extalned  only  in  front  of  surface  A 
(see  FIs.  la),  because  ether  surfaces  are  hidden  in  a  bus  chassis.  In  an  aneeholc  root, 
however,  radiated  noise  could  be  aeasured,  also  in  near  field.  In  all  directions  of  the 
dlsaantied  heater.  But  inforaation  about  noise  sources  from  surface  A  are  aost 
tapurtaiit.  Table  3  mrooents  tha  raaults  aaaeiirmd  fn  the  anechoic  rOOi  In  the  far  field 
and  in  Lha  neer  field. 


Table  3.  Coaparison  or  cne  souno  puwai  uaesui  cd  in  anechsla  raoB  uelna  discpsta 
points  and  scanning  aethod. 


Heasureaent 

conditions 

discrete  points 

In  far  field 

scannlna  aethod 
in  far  field 

scanning  aethod 
in  near  field 

Sound  power 

78.0  dB(A) 

77.9  dBCA) 

78.2  dB(A) 
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Froa  Table  3  It  can  be  aaen  that  the  total  sound  power  is  nearly  independent  on 
■•seureaent  aethad  used.  The  sound  intensity  of  the  aartieular  seurces  (fans.  i-nOIelur 
and  axhauet  ooute)  was  asasured  in  the  near  field  in  the  anacliulv  reos  too.  Their  sound 
powers  and  reolprooal  relation  were  very  siailar  to  those  in  Fis.  2e. 


A  sketch  of  the  underfloor  heater  Is  presented  in  Fig.  lb.  It  consists  of  e  duplex 
centrifugal  fan.  a  heat  exchanger  (radiator)  and  a  casing  with  an  inlet  and  outlet  air 

fluw  UMCiiIave 


Results  of  the  First  Test  Sanies  In  Situ.  The  aeasureaent  surface  was  built  rt  a 
distance  of  Q.13  a  in  front  nf  the  hantor  (in  front  of  surf  *os  p).  The  aoosursasnt 
surf  SCO  ust  divided  by  threads  late  aeshes  with  an  ares  of  0.006S  a^.  The  centres  of 
these  areas  ware  used  es  alcronhone  posltlens.  The  sound  intensity  aeasureaent  results 
obtained  by  the  discrete  points  aethod  are  shown  in  Fig.  So  in  3-D  presentation.  Inte- 

th#  int«ne£ty  on  »ar^l»uldr  McQj»ur*aeiik  •ui  rawvb  di  e  prtfStn* 
t«d  in  Tablt  4  to  aok^  a  oa«aar£«en  between  the  diaerett  pointy  oftU  tho  $canntn9  tathode 


a)  b) 

Fig  3:  a)  NoraaX  sound  Intensity  of  the  underfloor  hester  aeasured  by  discrete 
points  aethod  in  the  far  field  in  situ,  b)  sound  power  distribution  alongside  the 
underfloor  heater  aeaeiired  hy  the  erannlng  aethod  in  the  near  field  in  free  field. 


Table  (.  Coaoarison  of  the  sound  Intensities  nsssured  in  situ  using  discrete 
points  and  scanning  asthod. 


In  Table  i  the  differences  between  the  sound  intensities  asasured  by  discrete 
points  and  the  scanning  aethod  are  higher  than  thoas  in  Table  1.  The  reason  for  this  is 
a  relatively  longer  aeasureeent  dletence  to  the  probe  centre  in  the  oese  of  the  eweePing 
■ethod.  Certain  effect  ie  exerted  also  by  the  sound  field  reactivity  in  narrow  space  In 
front  of  the  heater.  The  calculated  sound  power  is  the  ease  for  both  cesee  and  siailar 
to  that  ebtalnsd  by  scanning  aethod  In  the  near  field,  see  Table  S. 

SMultS  of  the  Second  Test  Sorles  in  an  Aneehoie  Wnos.  Tn  the  ease  of  in  situ 
aessui-««eiil,  Lhe  underfloor  heater  wee  exaalned  tn  front  nr  rhe  air  Inlet  opening 
because  only  froa  this  side  the  underfloor  heeter  radiates  the  eeln  part  of  the  noise 
inte  the  bus  intsrler.  But  the  results  obtelned  so  could  not  be  used  to  noise  control  of 
the  underfloor  better.  For  this  reeson.  sort  infornstlon  has  to  be  acquired. 
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Table  5.  Coaparison  of  the  sound  power  aeasured  in  situ  using  discrete 
DOlnt^  end  teannino  atthsd. 


naaeuraaanfc 

aathnri 

di30^ctc  poinfea 

in  f»r  fl^ld 

swdnning  nechod 

in  far  fialU 

scanning  aethoi 

in  near  ritid 

Sound  power 

69.2  U8(A) 

69.2  dB(AJ 

69. S  dB(A) 

Meaaureaents  in  an  anechoie  rooa  on  a  disaantled  underfloor  heater  untiid  be  able 
to  give  Bore  inforaation  about  noise  sources  {nsiHe  the  heater.  Thn  eceeuraiaant*  ur  the 
sound  intensity  of  the  heater  in  the  far  field,  at  a  distance  of  1  a,  do  not  give  a 
proper  an.<«uer  to  it.  Therefore,  sound  Intensity  aessureaents  4n  the  near  field  auot  be 
Bade.  Fig.  Sb  presents  sound  Intensity  distributions  alongside  the  heater  aeasured  in 
the  near  field  by  the  scanning  aethod.  It  can  be  seen  that  the  asin  noise  source 
originates  froa  the  air  outlet  opening  and  the  alniaua  sound  power  radiates  froa  the 
part  representlna  the  air  anulng  dewtea.  The  noise  generated  by  the  Uuplei  fan,  unieh  is 
at  the  top  side  duaped  by  a  cover  Plate,  is  tranvnltted  by  air  as  ocredynaalc  iiulse 
through  an  outlet  nomine  and  to  a  aaailar  axbant  in  the  air  Iiilat  opening. 

Uith  Bound  Intensity  aeasnreamt  on  the  disaantled  underflour  heater  in  tne 
anechoie  rooa  in  the  far  tfeid  it  i«  nniw  the  totei  en.nd  wuiu  we  aeteraineu 
exactly.  But  It  should  nnt  be  eoepared  uith  the  sound  poeer  deteralned  in  situ,  because 
in  situ  sound  is  raHInted  in  the  bue  Interior  only  at  sir  inlet  side  OT  the  heater, 
whereas  in  the  aneehoic  rooa  sound  is  rsdinted  free  eii  ourfo«e»  or  iiic  iieater. 
Therefore,  a  coaparison  should  be  asde  hetumn  the  resulto  ef  in  situ  aeesui-eaents  with 
the  corresponding  results  recorded  at  the  air  tnlat  aida  (ourfase  b)  of  tha  heater  in 
the  anechoie  rooa  In  the  far  field  »«  o*ii  as  in  the  near  rieid.  These  wwaperisons  are 
presented  in  Table  6.  The  results  are  in  very  good  agreeaent. 


Table  6.  Coaparison  ef  the  sound  onuer  aessured  In  -.itu  and  in  anevhoto  rooa 
tiaino  diaerete  pointo  end  soannine  aethod. 


heasureaent 

conditions 

scanning  aathnd 
in  far  field  in 
anechoie  rnna 

scanning  aethod 
in  near  field  in 
anoeheic  rpea 

eeenning  aethod 
in  far  Tield 
in  altu 

scanning  aetnoc 
in  near  field 
in  situ 

SniinH 

70. g  eB(A] 

69.0  dO(A) 

69.2  db(A) 

69. S  dB(A) 

CONCLUSIONS 

The  total  sound  intensity  of  a  HVaC  systea  operating  in  the  bus  interior  and  the 
sound  power  ef  individual  coiponents  were  aessured  in  situ  and  in  the  fret  field  using 
two  different  arsturino  aathoda,  the  dtoerctc  points  and  the  scanning  aethod.  The 
aessuraaant  raoulta  uerc  enalrsed  and  cuawwred.  In  none  OT  the  cases  the  sound  field  in 
which  the  aeawurcaant  were  oarrleii  uul  was  Ideal.  In  tne  narrbw  closed  space  in  the  bus 
them  rxlats  a  vary  high  diffuac  field  whereas  in  the  anechoie  reoa  there  isn’t  any 
idea,  fra*  field.  In  both  aoouptio  fields  there  exist.  In  the  acoustic  near  field,  not 
only  reactivity  of  the  sound  field  but  also  the  sound  pollution  froa  every  part  of  the 
aessured  surface.  This  is  not  the  case  In  the  accustlc  far  field.  In  spite  of  these 
facts,  r.nnoerlfons  of  tho  rtculte  asdc  in  different  sound  fields  and  with  different 
saapling  aethods  have  shown  good  agraeaant.  It  can  also  be  concluded  that  the  sound 
power  aeasureaent  can  be  aade  with  high  accuracy  by  the  aanual  scanning  aethod  in  tlie 
near  field  of  the  source.  Intensity  aassuraaant  is  also  a.  powerful  tael  In  separating' 
the  acoustic  radiation  parts  of  the  systea  running  undtr  noalnal  conditions.  The  total 
output  power  can  be  deteralned,  along  with  the  Output  power  of  individual  eeaponanta  of 
a  source. 
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Suiiary 

On  the  basis  of  statistical  energy  approach  a  new  iipulse 
calculation  lethod  of  sound  fields  in  industrial  halls  is 
proposed  by  the  authors.  The  calculation  relations  received 
with  sufficiently  hieh  accuracy  describe  both  stationary  and 
nonstationary  sound  fields. 


The  technique  used  is  based  on  the  principle  that  for 
quasi-diffusion  sound  fields  there  exists  a  relation  between 
the  resultant  energy  ^  flux  and  density  gradient  of  reflected 
energy  ^  hoiogenized  in  analysis  frequency  band.  The  above 
■entioned  relation  way  be  foriulated  in  the  fori  of 

gtaci(e),  (1) 

where  i  -  coefficient  of  energy  transfer. 

On  the  basis  of  extensive  calculation  and  experiiental 
Material  it  was  -deteriined  that  in  halls  with  scattered  sound 
reflection  for  aliost  all  practically  iiportant  cases  the 
following  equation  holds  good 

^  0,5  c£,  (2) 

where  C  -  sound  velocity.  £  -  lean  free  path  of  reflected 
sound  waves. 

Based  on  (1)  a  latheiatical  lodel  of  non-stat ionary 
reflected  Sound  waves  in  halls  has  been  foriulated  in  the  fori 
of  differential  equation 

o.sciv’s-  ^  -  m,ce‘0 
with  boundary  conditions  of  the  third  type 


iL 

dn 


cLs 


(4) 


(s-d,)e 

where  mg  -  spatial  coefficient  of  acoustic  absorption  in  air. 
JLs  -  diffusion  sound  absorption  coefficient  of  enclosure. 
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The  distribution  of  sound  energy  iipulse  over  a  hall 
iiiediately  after  its  radiation  is  taken  as  initial  conditions 


^  ;  Xj6  ^ue  (5) 

J  ei\/  ^ 

S^O;  Xj^Vut 

where  Van-  Sufficiently  siall,  as  coipared  with  a  hall  voluie. 
range  of  the  original  iipulse  energy  distribution,/^-  acoustic 
source  strenght. 

By  leans  of  separation  of  variables  there  has  been 
received  a  solution  which  expresses  distribution  over  a  hall 
and  daiping  of  a  single  iipulse 

eu..„=pu-j.)  r  E  r  . 

M  n  f  Btrf  On  (0) 

’  exp  -rj]  a'r, 

where  if  -  tlie  of  energy  iipulse  observation;  - 

the  systei  of  orthogonal  trigonoietric  eigenfunctions; 

(pm,  Pn ,  -  the  values  of  eigenfunctions  in  a  source 

point  having  coordinates  - 

daiping  coefficient  of  particular  solution  aiplitudes. 
Eigennuibers  are  selected  In  such  a  way  that  pi  functions 
would  correspond  to  boupdary  conditions  (4).  Rating  cofactors 
are  defined  froi  the  expression 

8^  ,,, 

where  £y  -  diiension  of  a  hall  in  the  direction  of..«V'  axis 
(/  =i;  2;  3.). 

The  total  sound  energy  density  during  the  period  of  source 
action  [  2/  :  7^  ]  is  defined  as 

23 

/'=/■/ 
t  t/  cuutn  , 

Ti. 

Foriula  (8)  penits  to  calculate  sound  energy  density  in 
non-stat ionary  as  well  as*in  stationary  conditions  of  sound 
energy  radiation. 

For  calculation  of  stationary  sound  fields  in  halls  with 
constant  acoustic  strenght  sources  there  has  been  derived  an 
expression  in  the  fori  of  a  triple  alternating  rapid-convergent 
series  -ij  - 

S  =  TVT  ^  Vc  J g , 

m  n  9  emBnBf  Umnf.  t 

where  Z  -  the  distance  between  the  source  and  the  point  of 
reception. 
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It  should  be  noted  that  the  first  leiher  of  the  series  in 
(9)  is  equal  to  the  aean  uith  respect  to  a  hall  density  of 
reflected  sound  eneroy  defined  according  to  the  diffusion  field 
techniques. The  subsequent  sign-variable  leibers  Shoe  the 
non-unlforiity  of  reflected  energy  distribution  over  a  hall. 
The  value  of  the  lean  with  respect  to  a  hall  energy  density  in 
(9)  depends  on  the  position  of  sound  source  in  a  hall  and  its 
distance  froi  the  sound  absorbing  enclosures. 

The  data  calculated  according  to  (9)  have  been  coipared 
with  the  experiiental  data  obstained  for  65  technical  halls  of 
various  proportions,  voluies  and  acoustic  charactestics.  The 
deviations  of  calculation  results  do  not  exceed  3  dB  at 
conf),dence  probability  0.9  and  1  d6  at  confidence  probability 
0.6. 

The  technique  used  periits  to  analyze  the  non-Stat ionary 
sound  fields.  There  have  been  devised  an  algorithi  and  coiputer 
prograi  for  calculation  of  the  general  case  of  non-stat ionary 
probleis  described  in  (7)  and  (8).  The  paraieters  dependent  on 
tile  are  acoustic  source  strenght  as  veil  as  coordinates  of 
calculation  point  and  sound  source.  Functional  tiie  dependence 
of  the  paraieters  is  assigned  by  analytical  expressions. 

There  have  been  perforied  calculations  of  sound  fields 
foried  in  halls  having  non-stat ionary  sources  of  sound  With 
variations  in  acoustic  strenght.  The  figure  given  belou  shows 
the  exaiple  of  sound  level  variations  at  the  distance  of  15  i 
froi  a  sound  source  in  a  hall  with  the  following  diiensions 
198x15x12.5  I. 

L,9B  >3 
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65 

0,i  0,5  0,9  ^,0 

Diagrais  of  level  lodifications  of  reflected  sound  energy 
affected  by  iipulse  sound  source:  ■  for  a  rectangular 

iipulse  shape.  —  —  for  a  sinusoidal  one. 
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AN  APPROXIMATE  MODAL  POWER  FLOW 
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ABSTRACT 

It  is  often  desirable  to  conq^ile  mode-to  -mode  wwer  flow  between  finite  flexural  sub¬ 
structures.  Indeed  it  is  necessary,  when  low  modal  populations  in  the  analysis  bandwidth  cause 
excessive  variance  in  Statistical  Ener|y  Analysis  (SEA)  predictions  of  vibrational  energy  lev¬ 
els.  An  in^rtant  class  of  such  problems  occurs  for  flexund  structures  connected  along  contin¬ 
uous  line  junctions.  This  pwer*  proposes  an  approach  which  uses  a  complimentary  set  of 
constrained  and  flee  uncwipled  mooes  to  obtain  ^iproximations  for  the  power  flow  between 
the  coupled  sub-structures. 

INTRODUCTION 

The  flow  of  vibratory  energy  between  connected  substructures  is  of  considerable  interest  in  the 
field  of  structural  acoustics.  A  statistical  ^iproach  is  a  natural  way  to  reduce  the  coiiqilexity  of 
the  problem.  It  involves  averaging  ovo^  time  and  spatial  sub-domains  and  across  resonant  mode 
distribudons  in  analysis  flequency  bands.  However,  even  the  original  proposers  of  sudstical 
energy  methods  (Lyon,^)  recognised  the  need  for  more  deterministic  ”mode-to-mode"  power 
flow  estimates  when  low  modal  populations  in  the  analysis  bandwidth  cause  excessive  vari¬ 
ance  in  statistical  predictions  of  energy  levels. 

A  modal  power  flow  foimulation  of  this  kind  has  been  proposed  by  Pope  &  Wilby,^  for  the 
case  of  sound  transmission  through  a  flexural  panel  subsystem,  into  an  enclosure.  The  qiatial 
and  flequency  characteristics  of  each  (uncoupled)  panel  mode  are  used  to  obttin  better  esti¬ 
mates  d  the  input  power  and  power  flow  to  the  coimected  acoustic  subsystems.  The  metiiod 
yields  estimates  for  both  leaonant  and  non-resonant  power  in  the  lower  flequency  bands,  and 
asymptotes  smoothly  to  statistical  (modal)  formulations  in  higher  flequency  bands. 

A  sifflilsr  approach  is  required  for  low  frequency  power  flow  between  two  finite  flexural  sub¬ 
structures.  However,  there  ate  some  inqioiiant  differences.  We  note  that  flexural  systems  will 
transmit  power  via  both  forces  and  moments,  (Oemer  &  Heckl,^.  Furthermore,  it  may  not  be 
reasonable  to  use  Pope  A  Wilb/s  assumption  of  "weak  coupling",  which  in  tiie  acoustic  case 
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•Uowt  one  to  neglect  chaniM  ia  the  modal  pMunem  of  die  flennl  panel,  due  to  locdiflg  effecti  of  the  con- 
oected  acoustic  Quid,  aad  vita  vena. 

This  oqilotes  Pope  A  ^xniby't  quasi- statistical  fixmiladoo,  applied  to  power  flow  betofeea  two  co-pla- 

oar,  line-coniKcied  flexural  plates.  No  bouodaiy  motioo  lesttaiuts  are  implied  for  dhe  coined  phMe  system,  so 
that  power  flows  via  both  forces  and  momeau  at  the  jttoctioiL  Extenml  power  iiqmt  is  cooddeted  as  a  quite 
general,  ^adally-distributed  and  phase<0Re!aied  pressm  fMd.  The  weak  couiding  analogy  wiA  the  struc¬ 
ture-acoustic  cate  suggesu  the  use  of  “blocked*  modal  force  in  one  flexural  plate,  and  flee  modd  repose  of 
the  coupled  plate,  to  compute  power  flow. 

FLEXUKAL  POWER  FLOW 


The  time-averaged,  band-integrated  power  flow  fiom  one  flexural  subsystem  to  another,  through  a  line  con¬ 
nection  of  length  Lcis:^ 


A®  Lf 


(1) 


where  ^  is  a  vector  of  modonal  degrees  of  fieedom  accepting  power,  which  for  flexural  waves  can  be  ex¬ 
pressed  in  terms  of  transverse  diqplacoment  W2; 


Li.wjOtw.T):  E.» 


1 

d 


0) 


and^s  the  vector  of  actions  (forces  and  ramnentt  per  unit  length),  acting  on  plate  2  at  the  coupling  boundary . 
For  the  qiecial  case  of  thin  plate  bending  flJessa,* ), 


M. 


'  (3) 


Q  is  the  transverse  shear  force  and  M  are  edge  moments.  Subscr^ts  tji  denote  uuigential  directions  and  nor- 
mal  to  the  coupling  boundary,  le^ectiveiy. 

From  the  analysis  of  strain  and  HMke's  Law,  the  force  operator  isdefinedas; 


c,— 


;(4) 


where  D2  it  the  flexural  stifliaess  of  plate  2,  and  )i  iaMsoensratfa. 
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APPROXIMATE  WEAK  /  STRCMG  INTERACTION  FORMULATION 


The  motions  and  actions  at  the  co«i|diii(  bounduy  can  be  determined  explicitly  when  the  dis- 
placement  compatibility  and  force  equilibrium  conditions  are  enforced.  Consider  the  ^tecial 
case  of  power  flow  from  a  flexurally  wetdc  plate  to  a  flexurally  more  rigid  plate,  as  shown  ache- 
roatically  in  Figure  l.Thesttucturalimeractiottcanbe^ipfoximaiediothemodaleiqMnsion 
of  the  two  uncoupled  plates.  Iqt  considefing  the  weak  plate  1  “CLAMPED*,  and  the  strong 
plaiB  2  “FREE*,  at  the  coupling  boundary. 

Let  the  coupling  action  veciorj^  be  estimated  by  an  uncoupled  mode  ejqMusion  of  the  resnint 
forces  (and  momentt)  at  die  clamped  boundary  of  plate  1; 


:(S) 

mjt 

where  are  the  eigenfunctions  (mode  shapes)  for  plate  1  (XAMPED  at  the  coiqiling 
boundary,  with  nodal  indices  nui  in  x.y  directions  respectively.  Yijm  is  the  modal  displace¬ 
ment  of  plate  1.  which  is  a  finction  of  frequency  only  .Using  modal  co-ordinates,  the  coiqiling 
force  in  this  qiptoximation  is  determined  by  the  external  forcing  fruction  f|.  acting  on  plate  1. 

;  (6.) 

The  modal  mass  is  defined  using  the  {date  mass  per  unit  area  si| .  over  the  plate  surfrce  Ai. ; 


and  modal  teceptance  is  defined  by. 

n-(n) -  {«i(l ♦/»*-)- •'}  :{fc> 


where  ay,  is  the  natural  frequency,  and  is  the  modal  damping  loss  frctor. 

Now  let  in  equation  (1)  be  approximated  by  the  uncoupled  tesponte  of  plate  2.  under  the 

action  of  plate  1  boundary  lestmuitfraces  and  moments  (5)  acting  on  plate  1',  r-ong^ 

l(i.«.r)-Xyi«(niT)C.#i.{i)  :(7«) 

Here  ♦aj,  are  theplate2FREE  edge  mode  dnpes.andiitj,  are  its  modal  displnccments.  which 


canbedescrRiedto^ 


rL.(«an' 


:(7a) 


(6c)withitttemhangeofsubaciipctr4ftriaANotethatdK«iy  natml  frequencies,  are  for 
plate  2  uncoupled  with  niEE  edge  conditiont  at  *e  coupling  boundary. 

Approximations  for  moiiona  in  equation  (7),  and  actions  in  equation  (O  at  the  coupling  bound¬ 


ary  can  be  subatituied  into  equation  (1)  to  yidd  iK  mechanical  power  flow  for  the  wcak/iHrang 
interaction  case,  this  diea  becomes  a  function  of  dK  following  variaUes; 

II|i(An)  7|_i»  ®i.i* 

In  equation  (t)  lAove.  Og  is  the  Qoai  Specital  Deasiqr  of  the  excitation  pressure  field  acting 
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on  plate  1 


(9) 


A  measure  of  the  input  power  accepted  by  each  plate  1  moue  from  the  excitation  pressure  can 
be  represented  by  the  modal  joint  acceptance  function; 

1  0  xpqtmn 

;(10) 

For  diffuse  acoustic  field  excitation  it  is  convenient  to  nomuiUse  the  joint  acceptance  by  the 
auto  pressure  spectrum  magmtude; 

so  by  substituting  equations  (6),  (7)  aii '  (1 1)  into  (1)  the  approximate  modal  power  flow  for¬ 
mulation  can  be  simplified  to; 


n,  j(Aw) 


(12) 


where  the  Modal  Coupling  Co-efficients  between  plate  1  and  plate  2,  arc  defined  by; 


^-..=  [l  i(i3) 

We  note  that  the  modal  power  flow  formulation  in  equation  (12)  is  equally  applicable  to  ana¬ 
lytic  modal  descriptions  of  simple  substructures,  or  to  discrete  numerical  modal  d  ascriptions, 
using  finite  element  methods.  Indeed,  an  analytical  modal  subsystem  can  be  connected  in  a 
completely  consistent  manner  to  a  numerical  modal  subsystem.  The  coupling  co-efficient  ( 1 3) 
and  joint  accqitance  function  (10)  become  numerical  integrals  and  for  quite  arbitrary  line  con¬ 
nections,  invoke  the  interpolation  or  "Shape"  functions  assumed  for  finite  element  subsystems. 

INPUT  POWER  ESTIMATION 

Input  power  has  been  estimated  previously^  by  the  authors  based  on  the  uncoupled  modal  re- 
^nse  of  plate  1.  It  was  shown  that  this  approximation  can  in^ly  non-physical  power  transfer 
ratios  in  nanow  bands  coiresponding  to  resonances  in  plate  2. 

Another  approximation  for  input  power  n'(A(a)  is  evaluated  here.  It  uses  the  same  weak  cou¬ 
pling  assumption  as  equation  (12)  to  include  the  effect  on  the  connected  plates  of  lightly 
dtnqred  resonant  behavior  in  plate  2,  as  follows; 

n'(A(o)  a  jd(ajd3^e[limjf)  (g)£<Pi{.v,,is,r) (w,  *  (x,, «x r)  +  »■,  (x,,(B,r)))}  (14) 

i, 

where  W]^](gi,(o,T)  is  plate  1  diqilaceinent,  bared  on  its  uncoupled  modal  response  to  pressure 
p]0(j,(o,T) ;  and  W{^(2Si,n),T)  is  the  additional  plait  1  di^cement  due  to  the  uncoupled  res¬ 
onant  motions  of  plate  2  in  equation  (7a),  which  are  enforced  on  the  coupling 
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boundary  of  pbte  I. 

The  fint  lenn  wt,i(2u,(a,T)  can  be  writiea  io  lemit  of  oaly  iM  plate  1  clamped  modes, 


where  for  sinq)Iicity  the  two-dunenikMial  Mxtal  imfices  m,n  aad  r,s  are  abbreviated  hereafter 
with  mode  number  indices  n/  respectively. 

It  is  then  convenient  to  describe  W|^Cli,ot,T)  in  terms  of  a  "static"  (stiffitess-controUed)  com¬ 
ponent  woO^,o),T) ,  and  a  "dynamic”  (resonance-controlled)  component  Wd(s,,o>,T) ,  as  fol¬ 
lows; 

»•,  j  (j, «)  •  »>,  (#. «)  ♦  wj(f,  m)  (16) 

Assuming  that  the  static  deflection  component  wq,  can  be  deeaibed  by  separable  influence 
functions^  6^  and  Sg  in  x  and  y  directions,  we  can  then  write  wq  as; 


(17) 

(18) 

6«(s;x,) 

where  is  given  by; 


To  obtain  the  relative  dynamic  deflection  w  j  j  we  substitute  equation  (16)  into  the  equation  of 
motion  of  the  plate; 

,(},»))  =  0  (19) 

Which  yields  the  relative  dynamic  deflection; 

S'.  2(^-®)  =  P''r.wj(|.®) (20) 

where 


The  new  approximate  input  power  estimate  is  obtained  by  substituting  equations  (IS)  and  (19) 
into  (14)  to  give; 

f  yy  Ja:’^ 

n,(®)  =  '  *'**;;^  (22) 


where  is  the  normalization  constant 


\  =  j^n(s)df 
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Hqt  the  static  input  coupling  coefficient  is  given  by; 

A 

the  dynamic  input  coupling  coefficient  is  given  by; 

A 


EVALUATION  PROCEDURE 


(24) 

(25) 


A  thorough  evaluation  of  this  approximate  foimulation  requires  detailed  experimental  and  nu¬ 
merical  calculation  of  narrow  band  powa  flow  between  finite  plates.  As  a  first  step,  equation 
(12)  is  integrated  across  octave  ban^  to  compare  against  the  SEA  estimate’  of  power  flow  at 
high  modal  densities. 

Analytical  nodal  solutions^  for  two  rectangular  plates  of  different  thickness  and  areas  0.080 
and  0.062  sq.m,  respectively,  ate  considered  as  shown  in  Figure  1 .  Plate  1  has  a  CLAMPED 
edge  boundi^  comfition  and  plate  2  has  a  FREE  edge  boundary  condition  along  the  connection 
line;  all  other  edges  have  sinqily-supported  boundary  conditions.  A  unit  mean-squared  force 
spectrum  is  input  as  a  point  source,  acting  on  plate  1. 

The  total  power  flow  is  predicted  from  equation  (12)  as  a  continuous  function  of  frequency,  by 
summing  over  the  resonant  and  non-resoiiant  modal  power  contributions.  Figure  4  conqiares 
the  input  power  to  a  2  mm  plate/Smm  plate  system  with  the  transmitted  power  fiom  the  2  mm 
plate  to  a  5  mm  plate.  Figure  2  shows  the  power  transmitted  by  moments  compared  with  the 
power  transmitted  by  transverse  shear  forces. 


-20 


—  Force  Coupling 
-W-  Moment  Coupling 


250  500  lOOO  2000 

Frequency  (Hz) 

Figure  2:  Force  and  Moment  power  flow  for  plates  (hl=2mm,  h2=10mm  DLF  1,2=0.01) 


A  power  transmission  efficiency  or  “Power  Ratio”  is  computed  by  dividing  the  band-integrated 
transmitted  power  by  the  band-integrated  input  power,  over  standard  octave  bands.  The  Power 
Ratio  is  then  compared  with  the  SEA  estimate*  of  Power  Ratio 


_ 

n,  ('Ilh2+h,')2l+’l2>l|2) 


(26) 


Figures  3  presents  results  for  three  different  non-driven  plate  thicknesses. 
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Figure  3  (b)  2tnin/5inni  Plates,  Power  Ratio  Figure  3  (c)  2mni/3mm  Plates 
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Figure  4  Input  Pow  -  versus  Transmitted  Power,  2miii/5mm  Plates 


9 


A  number  of  obsovations  can  be  made: 

(i)  Equation  (12)  and  equation  (22)  generally  convoge  at  higher  modal  densites  but  with  considerable 
variances,  ^1- 12  db  being  common.  The  input  power  always  exceeds  the  transmitted  power,  as  required, 
where  we  note  that  without  the  contributions  defined  in  equation  (22),  this  may  not  te  the  case. 

(ii)  As  flexural  rigidities  of  the  two  connected  plates  approach  each  other  the  weak  coupling  assump¬ 
tion  in  eqn  (12)  does  generate  larger  variance  in  Power  Ratio,  when  compared  with  SEA  predictions. 

(iii)  Power  Ratio's  lower  than  the  SEA  estimate  arc  predicted  for  frequencies  below  the  first  resonance. 

For  the  2  -  10mm  plate  example,  four  other  statistically  independent  input  pqwcr  locations  were  simulated 
and  averaged.  Results  presented  in  Figure  S  show  a  reduction  in  the  variations  calculated  from  1 6db  to  less 
than  5db,  above  the  first  resonance  in  Plate  2.  This  is  consistent  with  direct  measurement  of  point-excited, 
coupled  plates,  as  demonstrated  by  others^. 


CONCLUSION 

Only  interim  conclusions  can  be  drawn  at  this  stage 
on  the  validity  and  usefulness  of  this  weak/strong 
coupling  approximation  for  modal  power  flow  be¬ 
tween  structures.  These  are: 

(i)  The  method  is  mathematically  consistent 
with  and  converges  at  high  modal  density  to  the 
method  of  Statistical  Energy  Analysis  (SEA). 

(ii)  The  method  qipears  to  yield  an  improved 
estimate  of  the  structural  power  flow  at  lower  fre¬ 
quencies  ( and  low  modal  densities)  where  SEA  is 
less  ac-  urate.  This  includes  resonant  and  non-res- 
ocant  power  flow  components,  to  be  compared  in 
future  formulations. 

(iii)  The  accuracy  of  the  method  needs  further 
validation  at  the  narrow  band  level,  using  both  ex¬ 
perimental  and  numerical  methods. 


Figure  5.(Space  Averaged  Power  Ratio  2mm  /  10mm  Plates) 
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ABSTRACT 

Carbon-Carbon  (C/C)  composites  arc  found  useful  in  the  aerospace  indus^  in  the  area  of  high 
temperature  applications.  In  the  fabrication  of  this  composite,  the  first  carbonization  cycle  is  cmcial,  as  the 
mechanical  properties  of  the  composite  are  completely  Atercd  at  this  stage.  Some  predominant  effects  of  the 
fust  carbonization  process  are  delaminadon,  fit^  breaks,  distributed  porosity,  and  transverse  crack 
formation  in  the  matrix.  These  effects  of  carbonization  are  to  some  extent  beneficial  during  latter  processing 
however  excessive  occurrence  of  any  of  these  defects  is  undesirable.  Keeping  this  in  view,  the  present 
study  focuses  on  the  application  of  acoustic  emission  (AE)  technique  for  studying  the  failure  modes  of  C/C 
composites  at  the  processing  stages.  Acoustic  emission  (AE)  has  been  used  to  study  the  failure  modes  of 
the  composite  at  theas-cured  and  carbonized  stages  using  parameters  such  as  the  pe^  amplinrde  distribution 
event  duration,  and  energy  content  of  the  AE  signals.  These  parameters  have  been  related  to  effects  such  as 
delamination,  Eber  breakage,  and  matrix  cracking  which  occur  in  the  composite  in  the  as-cured  and 
carbonized  stages. 


INTRODUCTION 

A  carbon-carbon  composite  differs  from  a  conventional  composite  due  to  the  presence  of  two  phases 
of  the  element  carbon,  a  carbon  fiber  reinforcement  and  a  carbonaceous  matrix.  Figure.  1  represents  the 
schematic  of  the  fabrication  cycle  of  a  C/C  composite.  The  C/C  composite  undergoes  a  complex 
manufacturing  process,  beginning  with  impregnation  of  carbon  fibers  with  a  matrix  precursor,  i.e.  a  resin  to 
form  the  base  composite.  This  stage  is  referred  to  as  the  as-cured  stage.  The  composite  is  then  subjected  to 
carbonization  i.e.  heat  treatment  at  high  temperatures  (lOOO'C).  This  is  referred  to  as  the  carbonized  stage. 

In  this  process  the  matrix  in  the  composite  is  pyrolyzed  to  yield  a  secondary  porous  carbon  phase.  The 
composite  at  the  stage  of  first  carbonization  is  highly  porous  and  inferior  in  terms  of  its  mechanical 
properties  and  density  >.  In  order  to  improve  the  mechanical  property,  it  is  then  subjected  to  a  densification 
process,  during  which  time,  the  pores  formed  during  pyrolysis  are  densifled  using  a  chemical  vapor 
deposition  process  or  a  liquid  impregnation  process  >.  Due  to  the  complexities  involved  in  the  fabrication  of 
a  C/C  composite,  each  stage  of  the  fabrication  cycle  plays  an  important  role  in  the  performance  of  the  final 
composite.  Hence,  it  is  important  to  have  a  knowledge  not  only  of  the  mechanical  properties  of  the 
composite  at  each  stage  of  its  fabrication,  but  also  to  have  a  clear  idea  of  the  prominent  failure  mech^isms, 
which  occur  at  each  of  these  stage.  In  this  study  such  an  investigation  was  undertaken. 

The  acoustic  emission  technique,  a  powerful  nondestructive  tool  was  chosen  in  the  present  study 
due  to  its  sensitivity  to  flaw  growth  in  materials.  AE  refers  to  stress  waves  that  are  generated  due  to 
dynamic  processes  occurring  during  the  lending  of  a  structural  material.  These  stress  waves  in  the  case 
of  composites  are  caused  by  fiber,  matrix  or  interface  related  failures.  Several  investigators  have  reported 
the  application  of  AE  to  graphit^epoxy  composite  materials  2-5  for  classification  of  failure  mechanisms 
such  as  matrix  cracking,  fiber  breakage,  and  delamination.  The  present  shidy  utilizes  amplitude,  energy, 
and  event  duration  distribution  of  AE  signals  to  differentiate  failure  mechanisms. 

1681 


Hgure  1.  Fabrication  cycle  of  carbon-carbon  composites 


SPECIMEN  FABRICATION 

Ten  layers  of  graphite  fabric,  Style  193*A  (Supplier  tfercules  Inc.)  were  impregnated  with  phenolic 
resin  MXR-605S  (Supplier  Fiberite  Inc.)  using  hand  lay-up  technique.  Phenolic  resin  was  chosen  due  to  its 
high  carbon  yield  -55%.  The  hand  lay-up  was  subjected  to  a  compression  molding  process  at  140’C  for 
one  hour  to  obtain  the  as-cured  conqwsite  laminate.  Five  tensile  specimens  of  dimensions  7.5”X  0.5”X 
0.05”  were  machined  fiom  these  laminates.  End  tabs  n;ade  of  tapocd  glass  epoxy  were  attached  to  the 
specimens  for  mechanical  testing.  Another  set  of  five  specimens  from  the  same  laminate  were  subjected  to 
the  carbonization  process.  In  this  process  the  specimens  were  placed  in  a  high  temperature  oven  and  were 
subjected  to  pyrolysis  by  heating  mem  to  a  tenqteratun:  of  800*C  in  an  inert  atmosphere  of  nitrogen  gas. 

End  tabs  were  then  attached  to  mese  specimens  for  mechanical  testing. 


EXPERIMENTAL 

The  mechanical  testing  was  petfoimed  at  room  temperature  (23*C)  on  an  Listron  testing  machine 
(Model  1 125)  equipped  with  a  20,000  lb  load  cell.  All  the  ^>ecimens  test^  were  loaded  to  failure  under 
tension.  A  crosshead  speed  ofO.Olinch/minute  was  maintained  for  all  the  tests.  A  LOCAN  system  (Mfr- 
Physical  Acoustics  Corp.)  acoustic  emission  system  was  used  for  data  acquisition.  A  ISO  kHz  resonance 
frequency  AE  sensor  (Reference  level  0  dB  at  1  |iV  at  sensor  output)  was  attached  to  the  specimen  at  its 
center  using  a  constant  force  spring  clamp  and  silicon  peax  couplet  (Dow  Coming  Sto^ock  Grease). 
The  output  from  the  sensor  was  fed  to  a  40-60  dB  preamplifier  (set  at  40  dB),  with  a  plug-in  filter  of  100- 
300  kHz  bandwidth  from  which  the  signal  was  fea  to  the  AE  Locan  system.  For  all  the  tests,  the  threshold 
and  gain  settings  on  the  Locan  were  set  at  40  dB  and  20  dB  respectively.  The  load-time  history  was 
recoided  on  the  strip  chart  recorder  on  the  Instron  machine.  The  AE  signals  were  recorded  on  the  disk  drive 
of  the  LOCAN.  The  data  files  were  then  converted  from  CP/M  to  DOS  format  (eventually  into  ASCII  files) 
and  then  incotporated  into  SASGRAPH,  a  module  of  the  Statistical  Analysis  System  (SAS).  Three- 
dimensional  (3D)  and  other  plots  were  then  generated  using  SASGRAPH. 
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RESULTS  AND  DISCUSSION 


Visual  obs^ation  of  the  failed  specimens  indicate  that  the  as-ctffed  composite  failed  by  extensive 
delaminadon  resulting  in  clean  separation  of  the  individual  plies  with  very  Uttle  fiber  breakage  or  fiber 
pullout  In  contrast,  die  failure  mode  of  the  ctirbonized  composite  was  found  to  be  a  combination  of  broken 
fibers,  fiber  pullout  and  complete  matrix  failure.  Only  a  small  portion  of  the  failed  specimens  showed 
indications  of  delamination.  Hie  failure  of  the  as-cured  compt^te  occurred  in  a  progressive  manner  while 
the  carbonized  composite  failed  in  a  britde  fashion.  The  as-cured  connxisite  failed  at  a  stress  value  of  483 
MPa,  white  the  carbonized  composite  failed  at  a  stress  of  only  10%  of  mis  value,  at  46  Kffa. 

The  distribution  of  AE  event  intensities  of  the  specimens  at  the  as-cured  and  carbonized  stage  was 
completely  different  Usually,  the  AE  test  parameters  are  represented  by  two  dimensional  (2D)  histograms, 
but  the  3D  plots  generated  in  this  smdy,  i^vide  an  excellent  means  of  visualization  of  the  failure  process. 
Figure  2  shows  the  3D  plot  of  time,  amplitude,  energy  distribution  of  the  AE  signals  for  the  duration  of  a 
test  for  an  as-cured  specimen.  The  amplitude  distribution  lie  in  three  ranges:  40h60  dB,  60-85  dB  and  85- 
100  dB  respectively.  Events  in  the  amplitude  range  40-60  dB  were  observed  to  start  at  very  low  stress 
values  (25  MPa).  Events  in  the  amplitude  range  ^85  dB  occurred  around  a  stress  value  of  60  MPa.  AE 
activity  w«  continuously  observed  fiom  then  on  in  both  these  ranges  until  me  failure  of  the  specimen.  The 
high  amplitude  events  i.e  in  the  range  85-100  dB  always  either  preceded  or  coincided  with  a  load  drop.  This 
was  observed  on  the  load-displacement  chart.  Subsequently,  there  was  an  advance  of  delmaination.  Fig.  2 
illusuates  me  energy  distribution  of  AE  signals  at  a  stress  v^ue  of  240  MPa  This  was  in  me  low  and 
medium  amplitude  ranges  (i.e  40-60  and  60-85  dB).  A  sudden  increase  in  me  energy  value  is  seen  to  occur 


Figure  2.  AE  distribution  histogram  of  time  (secs)  vs  amplitude  (dB)  vs  energy  for  an 
as-cured  stage  composite  specimen 
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illustrates  the  energy  distribution  of  AE  signals  at  a  stress  value  of  240  MPa.  This  was  in  the  low  and 
medium  anqtlitude  ranges  (i.e  40-60  and  60-8S  dB).  A  sudden  increase  in  the  energy  value  is  seen  to  occur 
at  this  stress  level.  The  first  evidence  of  delaminadon  and  its  advance  coincided  with  this  increase  in  energy 
From  a  stress  level  of 240  MPa  to  failure,  ener^  distiibudon  is  seen  to  lie  in  three  ranges,  low,  medium, 
and  high.  With  successive  delaminadons  occurring  in  the  as-cured  composite,  the  number  of  high  energy 
events  continued  to  dominate  the  later  pordon  of  the  energy  emission  distiibudon  histogram.  High  values  of 
energy  as  observed  from  Fig.  2,  always  coincided  with  the  high  amplitude  range  (85-100  dB)  of  the 
histogram,  while  low  energy  events  had  low  amplitudes  (40-65  dB).  The  total  number  of  AE  events  in  the 
case  of  the  as-cured  specimen  were  7740. 

Figure  3  represents  the  3D  plot  of  time  vs  amplitude  vs  ener»  distribution  of  AE  signals  for  a 
carbonized  specimen.  The  number  of  high  amplitude  events  (85-l()0  dB)  were  few  (5%  of  the  total  events) 
for  this  specimen.  The  distribution  of  low  and  medium  amplitude  events  was  similar  to  the  as-cured 
specimen,  except  that  they  were  fewer  in  number.  From  Fig.  3  it  can  be  seen  that  the  low  and  medium 
amplitude  events  (40-60  &  60-85  dB)  had  lower  energy  levels.  The  last  segment  of  the  test,  close  to  failure 


Figure  3.  AE  distribution  histogram  of 
time  (secs)  vs  amplitude  (dB)  vs  energy  for  a 
carbonized  stage  composite  specimen 


resulted  in  higher  energy  event  distributions.  The  overall  energy  distribution  for  the  carbonized  specimen 
contained  lower  energy  levels  when  compared  to  the  as-cured  composite.  A  total  of  2660  events  occurred  in 
case  of  the  carbomzed  composite.  Figures  4  and  5  represent  the  3D  plot  of  time  vs  amplitude  vs  duration 
distribution  of  the  AE  signds  for  the  as-cured  and  carbonized  specimen  respectively.  It  can  be  observed 
from  Fig.  4,  for  the  as-cured  composite,  the  event  durations  were  in  the  low  and  medium  range  (<  1000, 
1000- 10,000),  prior  to  a  stress  level  of  240  MPa,  and  increased  sharply  to  higher  durations  coinciding  with 
the  first  delamination.  The  event  duration  values  remained  high  with  every  successive  delamination,  until 
the  specimen  failed.  In  the  case  of  the  carbonized  composite,  as  seen  from  Fig.  5,  the  event  duration  levels 
were  high  (>  10,000)  only  at  the  very  last  segment  of  the  test,  just  prior  to  failure  of  the  specimen.  Medium 
and  low  amplitude  level  events  occurred  over  a  major  portion  of  the  test. 
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EVENT  DURATION  (jis) 


Figured  AE  distribution  histogram  of 
time  (secs)  vs  amplitude  (dB)  vs  event 
duration  (iis)  for  an  as-cured  stage  o 
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DISCUSSION 


From  the  3D  plots  of  time,  amplitude,  energy  and  the  event  distribution  histograms  (Figs.2  and  4), 
there  is  an  indication  that  failure  modes  for  the  as-cured  composite  start  at  lower  load  levels  and  continue 
throughout  the  loading  cycle.  The  failure  modes  are  due  to  matrix  cracks,  interfacial  debonding,  random 
fiber  failure,  and  other  frictional  mechanisms.  Events  in  lower  amplitude  level  range  of  40-60  dB  are 
predominant  for  this  type  of  specimen  and  occur  throughout  the  loading  process.  This  range  of  levels  i.e. 
40^60  dB,  is  attributed  to  matrix  ttucrocracks  and  individual  random  fibn  failure.  They  correspond  to  lower 
energy  and  event  duration  of  the  signals  in  this  amplitude  range.  Both  these  processes,  matrix 
microcracldng  and  individual  fiber  failure  are  random  in  nature  and  can  occur  at  low  load  levels.  Higher 
number  of  events  are  observed  in  the  range  of  amplitude  levels  corresponding  to  60-85  dB  for  both  as-cured 
and  carbonized  specimens.  Matrix  nucrocracking  at  higher  loads  evolves  into  macrocracks  that  run  both 
across  and  parallel  to  the  fibers.  Fiber  bundles  Sen  start  fracmring  at  this  higher  load.  Moreover,  both 
these  processes  are  interdependent  and  do  not  occur  individually  The  presence  of  low  and  medium 

amplitude  level  of  events  at  lower  stress  levels  before  failure  are  a  result  of  this  continuing  process.  A  large 
population  of  fiber  failures  and  matrix  cracking  in  a  localized  region  results  in  the  loss  of  stiffness  and  onset 
of  delamination  in  the  specimen.  The  delamination  then  advances  from  this  weak  spot  to  form  successive 
delaminations  in  other  layers.  This  explains  the  presence  of  high  duration  events  prior  to  a  load  drop. 
Significant  amount  of  frictional  enc^  causes  these  high  duration  events.  The  energy  is  dissipated  in  the 
formation  and  advanceof  the  delamination. 

In  the  carbonized  composite  (Ings.  3  and  S),  die  process  of  carbonization  resulted  in  weakening  of 
the  material.  Microsmictural  analysis  revealed  an  increase  of  distributed  porosity,  interfacial  debonds  and 
transverse  crack  formation  in  the  matrix  A  The  weak  spots  formed  due  to  carbonization,  resulted  in  a  much 
lower  failure  stress  for  the  material.  The  absence  of  significant  delamination  can  be  related  to  poor  matrix 
strength.  The  matrix  failure  across  the  width  of  the  specimen  occurs  prior  to  the  initiation  and  advance  of 
delamination  in  the  direction  of  loading.  In  doing  so,  the  fiben  that  were  present  in  die  path  of  the  failing 
matrix,  were  pulled  out  fnxn  die  surrounding  matrix.  As  is  olnerved  die  matrix  failure  is  the  main 
contributor  to  AE  events  in  this  case  resulting  in  a  large  number  of  low  and  medium  level  amplitude  events 
(i.e  40-60  &  60-85  dB  respectively).  Only  towards  the  end,  a  single  delamination  that  results,  contributes  tc 
the  high  level  amplitude,  energy  and  duration  events.  Qeariy,  the  85- 100  dB  level  amplitude  region 
corresponds  to  the  advance  of  delamination. 


CONCLUSIONS 

The  failure  modes  of  carbon-carbon  ootm^tes  in  the  first  two  stages  of  their  fabrication  are  seen  to 
be  distincdy  different.  The  as-cured  composite  fails  in  a  progressive  manner,  withstands  a  higher  failure 
stress,  while  the  carbonized  composite  fans  in  a  brittle  manner  at  a  much  lower  failure  stress.  The  failure 
mechanisms  of  the  as-cured  con^ite  are  matrix  cracking,  fiber  failure  and  delamination,  while  the 
carbonized  coniposite  exhibits  little  delamination,  but  fails  by  fiber  pull-out  and  rupture  in  addition  to 
extensive  matrix  cracking.  Acoustic  Emission  analysis  revems  time  regions  of  amplimde  distribution  levels 
usociated  with  these  failures  1)  a  40-60  dB  level  range  corresponding  matrix  microcracks  &  random 
individual  fiber  failure  2)  a  60-85  dB  level  range  corresponding  to  matrix  macrocracks,  fracture  of  fiber 
bundles  and  onsM  of  cfelamination  3)  an  85-100  dB  1^1  range  relating  to  advancing  delaminations.  The 
last  of  these  regions  is  significantly  suppressed  in  the  carbonim  stage  composite.  3D  plots  of  energy  & 
event  duration  with  time  and  amplitude  gave  an  excellent  means  vuualization  of  the  failure  process. 
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The  propagation  of  the  circularly  polarized  acoustic  wave  In  the 
centrosynur.etrlcal  crystal  with  stjrong  deformation  dependence  of 
permittivity,  a  layer  of  wlch  is  affected  by  the  rotating  electric 
field  Is  Investigated.  The  resonance  Interaction  when  tne  frequences 
and  rotation  directions  of  the  electric  field  coincide  with  those  of 
the  displacement  vector  of  acoustic  waves  Is  considered.-  In  this 
emission  of  reversed  and  amplification  of  passed  acoustic  waves  can 
take  place.  It  Is  shown  that  if  the  electric  field  exceeds  same 
threshold  value,  ultrasonic  waves  absorption  suppression  effect  Is 
possible.  For  the  rotating  coordinate  system  accompanying  the  electric 
field,  the  proper  acoustic  elgenmodes  of  crystal  layer  have  a  form  of 
standing  waves  with  real  wave  numbers.  As  a  result  of  that  the 
attenviatlon  of  these  waves  doesn't  occur  In  crystal  despite  the 
viscosity  of  the  medium.  Boundaiy-value  problem  Is  solved  and 
Intensities  of  reversed  and  passed  acoustic  waves  taking  into  account 
ultrasonic  waves  reflection  from  the  border  of  the  layer  with  rotating 
anisotropy  are  found.  The  conditions  when  the  reversed  and  passed 
acoustic  waves  intensities  have  extiome  values  are  defined. 


Lately,  an  interest  to  researches  of  acoustic  waves  Interaction 
with  alternating  electric  fields  in  crystals  [1-5]  increases  greatly. 
In  the  book  [1],  for  example,  acoustic  electromagnetlk  Interactions 
In  ferroelectlc  resonators  from  potasslvun  tantalate  are  regarded  as 
a  basis  of  ultrasonic  waves  excitation.  In  article  [2]  non-linear 
electroacoustic  Interaction  in  lithium  nlobatum  Is  considered  as  a 
method  of  phase  conjugation  of  acoixstlc  waves.  In  the  book  [6]  a 
possibility  of  rotating  acoustic  anisotropy  forming  In  crystals  with 
strong  deformation  dependence  of  the  permittivity  under  outside 
electric  field  influence  is  shown.  The  effects  of  ultrasonic  waves 
frequences  transformatlon.ampllflcatlon  and  generation  of  the  reversed 
acoustic  wave,  appearance  of  electroacoustic  memory  of  the  crystal  are 
studied;  and  advantages  of  space-uniform  rotating  electric  field  eu-e 
grounded.  Detailed  study  of  the  medltun  viscosity  Influence  on  acoustic 
properties  of  the  crystal  with  rotating  anisotropy  Is  given  In  the 
book  [7].  In  the  glveh  work,  the  suppression  effect  of  the  acoustic 
waves  absorption  and  their  resonance  Interaction  with  rotating 
electric  field  In  the  crystal  layer  with  abnormally  high  permittivity 
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is  studied.  Acoustic  waves  propagation  throu^  this  layer  taking  Into 
aocoxint  ultrasonic  waves  reflection  fjrom  the  border  of  the  layer  Is 
also  the  matter  of  this  study.  The  reversed  and  passed  waves 
Intensities  dependence  from  thickness  of  the  layer  with  rotating 
anisotropy  Is  studied. 


Let’s  consider  a  crystal  with  strong  deformation  dependence  of 
permittivity  (for  example . centrosymmetric  ferroelectric  ceramic  on  the 
basis  of  barium  tltanatvim).  central  part  of  which  Is  placed  In 
rotating  round  the  axis  Z  (unit  vector  C)_  electric  field.-  A 
considerable  change  in  crystal  acoustic  properties  takes  place; as  a 
result  the  equation  of  e.lastlc  wave  propagation  will  be  as  follows 


A(t) 


dz^ 


d  d^u, 

+  B(t) - * 

dt  dz 


where  U  -  displacement  vector,  p  -medium  density. 


A(t)  =  U(t)(A22  +  (A,,  -  A22)ia)ult) 


B(t)  =  U(t)(B22  +  -  B22)a  a)U(t) 


(1  ) 

(2) 

(3) 


-tensors  of  elastic  constants  and  viscosity,  tetklng  Into  accotint 
nonstationary  Influence  of  outside  electric  field, 

U(t)  =  exp(ntc”)  (4) 


-matrix  of  turning  round  axis  Z  at  an  angle  ())  =  Clt  [8].  In 

expresslns  (2)- (4)  the  following  designations  are  used: 

All  =  A  +  C,  Agg  =  A  -  d,  A  =  +  (01^55  + 

®  ®ii  =  B  Bgg  =  B  -  ae, 

®  “  ^44  ^^155  ^144^^0'^^’  *  "  ^^155  “  ^144^^0'^^’ 

E^and  Q  -amplitude  and  outside  electric  field  rotation  frequency, 

a  and  6  -tensors,  taking  Into  accoimt  electrostrlctlon  Influence  of 
field  £  onto  elastic  constants  atnd  medltun  viscosity,  a  ,  b  and  C  - 
orthes  of  Decart  system  of  axes,  point  between  the  vectors  denominates 

their  direct  (dlad)  product.  C*-  antlsymnetrlcal  tensor  dual  to  vector 

C  . 
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To  solve  the  motion  equation  ( 1 ) . Introduce  vector 


-1 

U'=  U(t)U 


(5) 


characterising  elastic  displacement  of  the  medium  particles  In 
rotating  system  of  axes  accompanying  outside  electric  field  turning. In 
this  system  of  axes,  vinllke  the  laboratory  one.  the  tensors  of  elutlc 
constants  and  the  medlxim  viscosity  do  not  depend  on  time.  That  lets  to 
seek  the  solution  of  the  motion  equation  in  the  form  of  flat 
monochromatic  waves 


u'=  u^exp{ tk(0)' )Z  -  tW't} 


(6) 


with  frequency  0)'  and  wave  number  k{(«)').  In  laboratory  system  of 
axes  wave  displacement  vector  (6)  can  be  represented  as  two 
Interconnected  flat  monochromatic  waves  [9] 


u  =  ll(t)u'  =  {A^n^expC-t((i)*-Q)t)+A_n  erp(-i(w’+  £J)t]}exp[ik(w’ )z)  (7) 


having  equal  wave  numbers  k{u’),  different  frequences  W  t  0  and 
opposite  clrculeu'  polarizations  set  by  the  vectors  =  (a  s  tb)//F 


By  using  the  connections  between  vectors  U  and  U* ,  the  motion  equation 
(1  )  can  be  written  In  the  rotating  system  of  axes  as  follows: 


{p[n^(c-c  -  1)  -  atw'Oc"  -  u'^)  +  k^[A  +  B{nc’  -  tw')]}u’=  o  (8) 


let's  consider  the  case  when  on  the  crystal  border  In  Z=0 
circular-polarized  acoustic  wave  Is  excited 


Uq  =  UQn_exp(-iUQt]  (9) 


elastic  displacement  vector  of  which  has  the  same  rotation  direction 
In  time  as  the  outside  electric  field.  Prom  the  condition  of  vector 
U  continuity  on  the  border.lt  follows  that  U)q  =  W  +  fl.l.e.  OJ'  =  U)q-  0 

If  the  iiltrasonlc  waves  frequency  coincides  with  the  electrical 
field  n  frequency  (case  of  resonance^lnteractlon* .  the  correspondence 
OJ'  =0  Is  correct. and  proper  elgenmodes  (6)  of  acoustic  field  have  form 
of  standing  waves  with  wave  numbers: 

oO  A  s  p^Q*(5^-(B^  -  ae^)ii^ij  i/a 


A^  -  0^  +  (B^  -  ae2)n^ 
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As  follows  from  the  eqiiatlon  (10),  when  anisotropy  of  elastic 
constants  C  tensor  and  aeilsotivjpy  of  viscosity  36  tensor  Increase, 
Imaginary  parts  of  wave  n\jmbers  monotonuously  decreases  up  to  zero. 
Starting  tTom  threshold  values  of  parameters  8  aui  36  ,  determ:'  ed  by 
the  condition 


6^  + 


(11) 


wave  nvunbers  (10)  become  real,  and  proper  elgenmodes  of  acoustic  field 
cease  to  damp  In  the  crystal.  As  the  nxjmeral  estimations  show,  for 
crystal  with  abnormally  high  permittivity  execution  of  t)ireshold 
condition  (11)  Is  achieved  when  electric  field  Intesity  Is  several 
kV/em. 

_  11  P  9  _  ^ 

(A~10  N/m'^,  6~10  N/m,  B~100  units  SI,  a6~5  units  SI,  fl-IO  Hz[10-12] ) 


Boundary-value  Problem  Solv\tlon 


As  a  resiAlt  of  propagation  In  the  crystal  ultrasonic  waves 
Interaction  with  rotating  electric  field,  amplification  of  the  passed 
wave  at  the  frequency  0)^ 

=  u;^_exp[-(0)Qt  +  (KqZ]  (12) 


and  generation  of  the  reversed  wave  at  the  frequency  2(5  -  0)^  can  take 
place . 


Uq  =  UQn^exp[-t((jjQ  -  20 )t  +  ik^z) 


(13) 


As  a  result  of  ultrasonic  waves  reflection  from  the  border  of  the 
layer  with  rotating  euiisotropy,  the  reflected  wave  at  the  frequency  (x)q 


Uj,  =  Upn_exp[-t()jQt  -  (KqZ] 


(U) 


and  the  passed  wave  at  the  frequency  20  -  can  also  appear 


=  UQ,jn^exp[-{(u)Q  -  20)t  -  tk^z)  (15) 


Representing  according  to  [T]  the  acoustic  field  in  the  layer 
with  rotating  anisotropy  in  the  form  of  the  superposition  of  four 
proper  modes  with  amplitudes  A_  , f rom  the  conditions  of  continuity  of 
wave  elastic  displacement  vectors  (9,12-15)  and  continuity  of  tensions 
0  tensor  components  on  the  borders  of  the  layer  [13]  ,we  have  the 
system  of  eight  eqiiations 
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I  An,  =  u;  +  u- 
m=i 

4 

1  Am«m  (“o  -  «)  = 

m=i 

4 

J  A,^eip[ik^(UQ  -  n)L]  =  v^expEtkQL] 

m=i 

4 

1  Vm  -n)expCtkn,{Wo  "  =  uJ^exp[-tlc°L] 

m=i 


4 

^  {CtA  +  BWq]  +C(6  +  3e(WQ  -  2n)]|"’(w^  -  fi)}kj^(WQ  -  fi)Ajj,  = 


m=i 


4 

2  {[tA  +  B(Uq-  2n)]C^^(ajQ  -  n)+[t6  +  36  WQ]}kj^(a)Q  -  n)Ajjj  = 
m=i  „  . 

=  +  7)55(a)(3-2n))Up 


(16) 


^  {[tA  +  BuQ]+[t6  +  3e(WQ  -  20))?"^  (WQ-n)}Kj„(a)Q-n)A^exp[tkjjj((jjQ-n)L] 

ni=i 


4 

^  {[tA  +  B((Oq-  2n)]|“’ (WQ-n)+[t6  +  ae  w^) }K^(UQ-n)Ajj,exp[ tk^(a)Q-n)L]  = 


p 

There  k^,  k^  are  wave  numbers  depending  on  waves  frequency  and 
lindlsturbed  parameters  of  density  p,  elasticity  Cgg  and  viscosity  7)^^ 
of  the  crystal  layers  bordering  when  Z  ^  0  and  Z  =  L  with  the  layer 
put  into  the  rotating  electric  field. 
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(17) 


k, 


^3. 4^^^^ 


(18) 


wave  numbers  and  elllptlclty  of  the  proper  modes  of  the  acovistlc  field 
[7]. 


In  flg.1  and  2  presented  diagrams  of  all  waves  Intensities 
dependence  on  the  thickness  of  the  layer  with  rotating  anisotropy 
acquired  in  the  resiilt  of  numerical  solution  of  the  system  (16). 
Calciilations  were  made  with  the  seme  values  of  parameters  and 


p  =  5.7x10^  kg/m^  ,  Eq  =  400  kV/m  ,  Cgg  =  9.38x10^*^  N/m^  , 
T)gg  =  93.8  SI  units  ,  (Jq  =  lO”^  Hz 


Diagrams  analysis  led  us  to  the  concliislon  about  the  character  of 
dependence  of  coefficients  of  reflection,  passage  and  amplification 
from  the  thickness  of  the  region  with  induced  anisotropy.  All  diagrams 
have  periodically  repeated  resonance  on  condition 


Ck^  (cOq  -  0)  -  k2((i)Q  -  n)]Lg  =  i|),  -  i|)2  +  2  1C  s  (19) 


where  and  ij^gare  arguments  of  complex  elllptlcltles  f  ^(U  q-  fi)  and 
^2  (Wq  -  0)  (10)  ,  parameter  S  takes  values  from  number  of  whole 
number.  When  earring  out  condition  (19),  n  .mallzed  Intensities  of  the 

5 

passed  emd  reversed  waves  can  reach  gigemtlc  values  of  order  10  .  At 
the  same  time  the  generation  and  amplification  of  the  ultrasonic  waves 
In  critical  points  are  unstable,  because  the  coefficients  of 
amplification  of  passage  euid  reflection  decrease  very  quickly  if  the 
condition  (19)  is  slightly  violated.  When  the  layer  thickness 
corresponds  to  the  correlation 


Ck^  (Uq  -  0)  -  k2((»)Q  -  fi)]Lg  =  2  1C  S 


(20) 


the  reversed  wa/e  Intensity  takes  minimal  values. 


ISSi 
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